How to configure WG2540/2522 work with ePBX100A
WG2540/2522
1. Make sure that switch port is connected to WAN port of WG2540/2522 and line 1 plugged as well as LED1 blinking is off
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2. Set up a sip trunk with 888 to ePBX100A
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3. Make sure that sip trunk 888 is registered by web -> status [SIP Trunk status]
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4. Set up line 1 of WG2540 as hotline to AA while PSTN incoming.

Hotline number is **999 as AA number of ePBX100A.

Polarity reversal and current drop is dependant on CO or PBX features for disconnection surveillance.
Caller id mode is dependant on CO or PBX caller id specification, assuming that DTMF is used.
Fax relay is a option, you can disable it if fax transmitting is impossible. 
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5. Make sure they are activated for both VoIP and FXO default routes in order to make basic call routing working.
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6. Configure ring on/off cadence for landlines and PABX lines

If WG2540 and WG2424O, recommend ON 8000/OFF 8000.

If WG2522, recommend following ring cadence of PABX or landlines.
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7. Configure RFC2833 and payload 101 and DTMF relay volume
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8. Configure FXS as predefine if you don’t want to use FXS with registering to 
ePBX100A(For WG2522 only), otherwise, please make sure FXS registration are 
successful.

[image: image11.png]VOIP Advance [ unconditional [ Busy [ o Answer

Dialing Plan

SIP Trunk

Route Plan

status

Maintenance

Transparent +

Transparent v





[image: image12.png]



ePBX100A 

1. Set up a trunk 888 as username and password by web -> configuration -> trunk
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2. Make sure that 888 is registered by web -> information -> subscriber info.

  IP 192.168.20.235 is WG2540.
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3. Set up routing table with prefix 0 by way of WG2540
Assuming that routing prefix 0 without limit of digits length, extensions call with prefix 0xxxxxxxx which makes calls routed to WG2540
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