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/etc/asterisk extensions.conf ???(??)

/etc/asterisk extensions_custom.conf ???(??)

/var/lib/asterisk/agi-bin busy_callback.sh AGI(??)

/var/lib/asterisk/sounds
busy-callback.gsm (???
2009-4-30)

???(??)

/var/lib/asterisk/sounds
busy-callback-ok.gsm (???
2009-4-30)

???(??)

/etc/asterisk/extensions.conf
??????????????????

; Extensions with no Voicemail box reporting BUSY come here
;exten => s-BUSY,1,NoOp(Extension is reporting BUSY and not passing to Voicemail)
;exten => s-BUSY,n,Playtones(busy)
;exten => s-BUSY,n,Busy(20)

; The following is written by A.Lang
exten => s-BUSY,1,NoOp(Extension is reporting BUSY and set automatical CallBack)

????-Busy CallBack

1

www.princexml.com
Prince - Non-commercial License
This document was created with Prince, a great way of getting web content onto paper.

http://osslab.tw:8880/@api/deki/files/862/=busy-callback.gsm
http://osslab.tw:8880/@api/deki/files/863/=busy-callback-ok.gsm


exten => s-BUSY,2,ChanIsAvail(SIP/${MACRO_EXTEN}|s)
exten => s-BUSY,3,GotoIf($["${AVAILSTATUS}"<="1"]?s-NOANSWER,1)
exten => s-BUSY,4,Read(digit|busy-callback|1|i|3) ;Playback "busy-callback" before press digits and 3
attempts will be made.
exten => s-BUSY,5,GotoIf($["${digit}"="5"]?s-busy-callback,1 ;press 5 enable CallBack
exten => s-BUSY,6,Hangup

exten => s-busy-callback,1,AGI(busy_callback.sh,${CALLERID(number)},${MACRO_EXTEN})
exten => s-busy-callback,2,Playback(busy-callback-ok)
exten => s-busy-callback,3,Hangup

/etc/asterisk/extensions_custom.conf

[custom-auto-redial]
exten => _rdXXXXXX,1,NoOp(Redialed Call)
exten => _rdXXXXXX,2,Set(FROM=${EXTEN:2:3})
exten => _rdXXXXXX,3,Set(TO=${EXTEN:5:3})
exten => _rdXXXXXX,4,ChanIsAvail(SIP/${TO}|s)
exten => _rdXXXXXX,5,GotoIf($["${AVAILSTATUS}" <= "1"]?6:end)
exten => _rdXXXXXX,6,Set(CALLERID(all)="ReDial ${TO} <${TO}>")
exten => _rdXXXXXX,7,Dial(SIP/${FROM}|10)
exten => h,n(end),Hanghup

* ???????3????????????4???????????????
_rdXXXXXX --> _rdXXXXXXXX
Set(FROM=${EXTEN:2:3}) --> Set(FROM=${EXTEN:3:4})
Set(TO=${EXTEN:5:3}) --> Set(TO=${EXTEN:7:4})

/var/lib/asterisk/agi-bin/busy_callback.sh

reference to undefined name 'syntax' Exception of type
'MindTouch.Deki.Script.Runtime.DekiScriptUndefinedNameException' was thrown. (click for details)
????????????
#>chmod 755 busy_callback.sh

;MR=18,RT=10 ?10??????????18?

????

• http://www.voip-info.org/wiki/view/A...tips+Call+Back
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