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• LocalSIPPort
• SessionTimerSE

• SessionTimerSupport
• TNZXferPrehangupWaitTime

• UserAgentAddr
• UserAgentPort

LocalSIPPort
Default Value: 5170
Valid Values:
Changes Take Effect: After restart

Specifies local SIP Port Number to be used by PSTN Connector for SIP Communication

SessionTimerSE
Default Value: 1800
Valid Values:
Changes Take Effect: After restart

The time interval in seconds which a call session must be refreshed, otherwise the session expires.

SessionTimerSupport
Default Value: true
Valid Values:
Changes Take Effect: After restart

Controls whether Session Timer support is enabled for a call session

TNZXferPrehangupWaitTime
Default Value: 4000
Valid Values:
Changes Take Effect: After restart

GatewayManager Section

Genesys Voice Platform 2



Time to wait before hangup after receving the successful response for dialing digits

UserAgentAddr
Default Value:
Valid Values:
Changes Take Effect: After restart

When PSTN Connector receives a TDM call, this is the destination to which it will send the SIP call.
Usually this would be the SIP Server IP Address

UserAgentPort
Default Value:
Valid Values:
Changes Take Effect: After restart

The destination Port Number for PSTN Connector on the SIP side. This would be SIP Server Port
Number
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