Linksys SPA9000 Phone Setup

Login

To connect to the SPA9000, enter “192.168.0.1/admin/voice/advanced” into the web browser on the computer connected to the ‘Ethernet’ port. Navigate to the ‘SIP’ tab, shown below.
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SIP

Scroll down to ‘PBX Parameters’ and set “WAN” for ‘Proxy Network Interface’, and click Submit ‘All Changes’. Check that the settings match those as shown below.
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Router

Navigate to the ‘Router’ tab, and then the ‘WAN’ Setup tab, shown below.
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Change ‘Connection Type’ to “Static IP”
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Fill out the Static IP Settings. Assign an unused IP address, and enter the Subnet Mask and Gateway of your router. Further down, enter the Primary DNS of your router, and set ‘Enable WAN Web Server’ to “Yes”. Click Submit ‘All Changes’.
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Line Settings
Navigate back to the ‘Voice’ tab, and then the ‘Line 1’ tab, shown below.
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‘Display Name’ and ‘Auth ID’ should be set to the extension number of the phone, ‘Proxy’ and ‘Outbound Proxy’ must be set to the IP address provided with the Orbtalk Welcome letter.
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FXS1
Navigate to the ‘FXS1’ tab. Check that the settings match those as shown below.
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FXS2

Navigate to the ‘FXS2’ tab. Check that the settings match those as shown below.
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