How to configure WG25XX and WG24XX P2P application
Call scenarios (WG2424O and WG2424S for instance):
WG25XX and WG24XX Firmware version: V2.03 or later

1. PABX extension 601 dialing 603 to FXS extension 2001 goes through
FXO line 1 (Hotline 2001) or dial desired number under hotline disabled,
and proper phone book record needed.
2. FXS extension 2001 dialing 601 to PABX extension 601 goes through

FXO available lines (auto line hunting).
3. FXS extension 2001 dialing 604 then dials 601 to PABX extension 601 by 2 
stage dial going through FXO line 2(specific line hunting by FXO TEL No.).
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FXO (WG2522/WG2540/WG2424O):

Check firmware version
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Accept Proxy Only : No, For accept any VoIP calls.
SIP Local Port : 8080, the port for peers send calls to this VoIP gateway.
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In case that you need FXO to generate flash, enable SIP-Info flash mode

[image: image4.png]Device Setting

NAT Setting

VOIP Setting

Dialing Plan

FXS Setting

SIP Trunk

Route Plan

status

Maintenance

SIP Hold Type:
SIP Compact Forms

‘Session Refresher:

1P Ti(msec)

1P T2(msec)

SIP Ta(msec):

Invite Linger Timer(msec):

General Linger Timer(msec):

Cancel General No Response Timer(msec):
‘General Request Timeout Timer(mssc):
Cancel Invite No Response Timer(msec):
Provisional Timer(msec):

First Response Timer(sec):

MW Subscript Expires(sec):

Line Congestion Code:

SIP-Info Flash Mode:





Configure RFC2833 and payload 101 and DTMF relay volume
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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 and landlines.
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Configure Phone book
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Configure FXO line setting or disabled hotline for 2 stage dialing as well as

proper phone book record needed.
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Configure VOIP default route for desired FXO ports
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Route plan
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FXS (WG2522/WG2504/ WG2424S):

Check firmware version
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Accept Proxy Only : No, For accept any VoIP calls.

SIP Local Port : 8080, the port for peers send calls to this VoIP gateway.
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Configure RFC2833 and payload 101 and DTMF relay volume
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In case that you need FXO to generate flash, enable SIP-Info flash mode
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Configure ring on/off cadence for FXS lines (Default: ON 1000/OFF 2000)
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Configure Phone book

601 and 602 for 1 stage dialing to PABX extension 601 and 602

603 and 604 for 2 stage dialing to dial any PABX extension
P.S. If peer VoIP gateway “SIP Listen port” is 5060, you don’t need to

designate the port in phone book, for instance, 601@192.168.18.40.
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Configure FXS line setting

P.S. Make sure that “Reject Anonymous Call” is “No”.
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Configure caller ID type as DTMF for phones
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Configure VOIP default route for desired FXS ports
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Route plan
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