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Configuring Intertex SurfinBird IX67 FW AIR GW?2 for PSTN
Failover

1. Configure the Router based on the Worldsmart- Intertex configuration guide.

2. Connect Telephone Line to the Router’s LINE Port (FXO).

3. Connect a Telephone to the Router’s PHONE Port 1 (FXS). The router has 2 such ports; you
can connect 2 phones to the router, if required. This document describes phone
configuration only on the first FXS port.

4. Access the Router’s web configuration page, and login.

5. Click on the Telephone Ports Link. This will take you to the Telephone Ports configuration
page.
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6. Go to the Phone Port 1 (FXS 1) Section. Configure the Phone Port. Enter a username. The
picture below shows pstn-line as the username. The phone connected to this port will be
registered with the router itself (unless you specify a full SIP address).
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7. Go to the Telephone Line Port (FXO) Section. Enter a domain name. Default is localgw. The
example below shows myoffice as the domain name.

8. Add a dialing prefix for the outgoing calls. (** is the default).

9. If you want to forward all calls coming through the telephone line to the phone connected to
the PHONE portl, add the username pstn-line in the field provided as shown below. You
can also specify the number of ring signals for this. The router also provides you an option
to forward these calls to a SIP phone that is registered with a SIP provider. See the below
image.
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How it works

Outbound Calls:

The above setup implements Intertex-PSTN integration. SIP phones that are behind this router,
registered with Worldsmart server will function normally. Calls made from these phones will hit
the Worldsmart server and will be routed to the desired destination.

However whenever a number is dialed with **prefix, or dialed with the domain name in the host
part, these will be routed through the telephone line port.

For example:
* Dial 18008050558 — SIP call, this will hit the Worldsmart server
 Dial 18008050558@myoffice — PSTN call, call will go directly to PSTN through the
telephone line port.
* Dial **18008050558 — PSTN call, call will go directly to PSTN through the telephone
line port.

Inbound Calls:

Based on the configuration described in this document, whenever an inbound PSTN call reaches the
router through the telephone line, it will be routed to the phone connected to the first PHONE port
(pstn-line). As you can also see, there is a timeout period of 10 seconds set for the inbound calls. If
the call is not answered within 10 seconds, it will be forwarded to a SIP phone
— gopinath@iptel.org in this case — registered with a different SIP provider.

Notes:

Call Disconnect:

The inbound calls that are coming through the telephone line do not terminate properly, when they
are answered on the phone connected to the FXS port. Disconnecting at one end does not
disconnect the other. You have to explicitly disconnect such calls at both ends. I am awaiting
Intertex Engineering’s response about this.

Caller-1D:

The Caller-1D feature for inbound calls coming through the telephone line is OFF by default on this
router. This is because; this feature is in Beta state. You need to enable it with either V.23 or Bell
202 options (based on what the PSTN operator is using). Note that you will have to make several
inbound calls before the router identifies the Caller-ID for the first time. After that you should see
consistent results. | have achieved 90% accuracy, after the router identified the Caller-ID for the
first time.

To set the Caller-1D, click on the Advanced Telephone Port options on the Telephone Port page.
Configure it as shown in the below pictures:
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Advanced Settings for Telephone Ports - .
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