Various

By dialing *00 the unit will switch to PSTN line, so you can dial (*00911) in case of emergency. 

Best quality/bandwidth settings: G729a/b ( 30kbps / 4kbyte/s)

Highest quality, but uses more bandwidth: G711 (ca 64 – 90kbps (8-10kbyte/s)

For your security, we suggest to change the default admin password using the web-interface.

Troubleshooting

1. If you cannot receive incoming calls: Some networks require you to forward the used ports when you are behind NAT. In such a case, the simplest solution is to put the adapter in the DMZ of the modem/router. Usually this will require you to enter the ip-address on the webpage of your router. (You can also forward the specific ports used by default: 5060 and 5004 TCP+UDP)

2. If you are unable to place calls, please check your settings. Some sip-providers require you to confirm the account by clicking on an activation link in an email.

3. When placing a call, the other party is unable to hear you ? (or vice-versa)
Check if both sides have been properly setup with the correct tcp/ip ports forwarded. In some cases it might be required to set the adapter to a static WAN ip address to avoid conflicts in ip-address. (DNS and Gateway must be set to your modem/router’s ip, and the IP must be set outside your DHCP range.) For example:

E-Tech Multipc modem/router : Modem IP: 10.0.0.2
Vast wan ip Voip adapter: 10.0.0.100, subnet 255.255.255.0 dns/gateway 10.0.0.2

E-Tech dsl/cable router: Router ip: 192.168.1.1
Vast wan ip Voip adapter: 192.168.1.200 subnet 255.255.255.0 dns/gateway 192.168.1.1

Factory Settings

Admin Password:
admin

User Password:
123

LAN IP adres:
192.168.2.1

LAN subnet mask:
255.255.255.0

WAN DHCP client:
Enabled

Support

Website:
On the following website you can find faqs, firmware and settings for other sip-providers: www.grandstream.com


VOIP Adapter 
Quick install guide

General

Using this VoIP adapter, you can place free* calls using modern voice-over-ip technology. This is an ideal and cheap solution for calls between offices/branches, and friends or family that live abroad. Installation is simple. Connect the power supply to an outlet, your phone to the ‘phone’ connector, and your PC to the LAN connector. Do not plug in the WAN connector yet. If needed, connect your normal PSTN phone line to the ‘line’ connector. This allows you to use a land-line in case of emergency.

Basic installation

In this guide we are assuming you connect the unit to a pc that is configured to obtain an ip automatically. Upon powering on the PC, it will ask for an ip-address using the DHCP protocol, and the adapter will assign one in the 192.168.2.x range. If you are not using DHCP, you will need to assign a static ip to the PC, for example 192.168.2.5.

(If you modify the pc’s ip settings, please write them down before changing. This will allow you to quickly restore the old settings later on.)

Open Internet Explorer, and enter http://192.168.2.1 (see screenshot) 

After a few seconds the login screen of your adapter will appear:
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To login, enter the admin-password: admin and click the ‘Login’ button. A webpage will appear where you can configure the adapter settings.

Scroll down the webpagina until you see the ‘Wan Side http Access’ option. Enable it, and click the Update button. After that, click the Reboot button to restart the adapter with the new settings. Rebooting can take up to 10 seconds. (To use the adapter, you will need to connect it to an existing network, using the WAN port. To be able to change settings, you will need to enable the Wan Side HTTP acces, which is disabled by default.)

After the reboot, disconnect your PC from the LAN port, and connect it back to one of the LAN ports on your modem/router. Connect the adapter to your modem/router as well, and make sure to use the WAN port. Check if the leds on the adapter’s WAN port are lit. If not, you might need to use a ‘cross cable’ to connect the adapter (sold seperately).

Check if the pc has internet access. If not, restore the IP settings if they were changed earlier, and reboot the pc. Follow the steps on the next page to continue.

* Note, only calls between voip-accounts are free of charge. 
  Please check you sip provider’s webpage for complete rates!


Adapter configuration

Since the adapter is now connected using the WAN port, it’s no longer reachable on the 192.168.2.1 address. The WAN port has an address that was assigned to it by your modem or router.

To obtain this WAN address, take you handset off-hook, and dail ***. You will enter the main menu. Press * again to enter the IP menu. Press * one final time, and the adapter will tell you it’s IP address. (for example, 192.168.1.123) Write the address down, and put the phone on-hook.

Open Internet Explorer on the PC. Enter the ip-address you just wrote down in the address bar. In our example, you would enter http://192.168.1.123 .  After a few seconds the login screen will appear again, log in using the admin password, and configure the adapter for your VoIP provider as outlined below.
Settings for Free World Dialup
Free world dialup is one of the largest service providers in the USA, and offers free calls within its own network, and free calls to 1-800 numbers. More information and rates can be found at   http://www.fwd.pulver.com *

Using the webpage http://fwd.pulver.com you can sign up for an account. Open the webpage, and click on ‘Get FWD!’ to do this. (Top right on the FWD main page)

At ‘step 1’ click on ‘Please go directly to sign up’. Follow the sign-up procedure, and remember to enter a valid e-mail address. Your details will be sent to that address. During the sign-up, you will need to enter a username and password. On the final sign-up page, you will be assigned a phone number. Please note these details down in the table below.

	Your FWD username
	

	Your FWD password
	

	Your FWD telephone number
	


After the account has been activated, enter the following details in the webpage:
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When using NAT, scroll down, enable nat traversal and enter: stun.fwdnet.net:3478

When done click the Update button. After that, click the Reboot button to restart the adapter with the new settings. Rebooting can take up to 10 seconds. After the reboot, you can begin making calls.
Testing your FWD account

FWD offers local PSTN dial-in numbers to test the service. Please see the FWD webpage, menu ‘advanced – peering programs’. Two of the most used dial-in numbers: in the UK: 0845-004-5566 and Netherlands: 020-3987567. (Dial your fwd number at the dial tone)

If you cannot receive incoming calls, you will need to forward the following ports to the ip-address of you adapter: 5060 udp/tcp and 6800 udp/tcp. Please see your modem/router manual on how to forward ports.

To test the SIP service itself, you can call 411, and will be connected to a voice-activated system. (1-800-555TELL). This system relies on two-way communication, so it’s a good way to start testing your connectivity.

* E-Tech is not responsible for any issues that might occur when using the FWD service. Please see the 

terms of service on http://fwd.pulver.com for full details. Calls to other FWD users and 1-800 numbers are ‘free’. Usage requires a working internet connection. For rates, fwd.pulver.com website.

Setting up for other providers

This unit can be used with many other VoIP providers. The setup procedure is similar to the configuration that is shown for FWD. Usually, you will need to sign up on a webpage, and are assigned a username/phone number and password. A sip-server address is also required, and usually shown during registration. You will need to enter this in the ‘Sip Server’ box.

Some providers use different ports for signaling and audio. The standard ports are 5060 / 6800. If a provider uses different ports, this will be shown during registration on their webpage. These values need to be changed in the fields ‘Local SIP port’ and ‘RTP port’

























































































































