Release Note For Firmware 1.0.5.10
August 1, 2004

Changes since version 1.0.4.54:
Enhancements:

· Improved voice quality for HandyTone under unstable network conditions

· Add support for static DNS server (not overridden by DHCP server response) 

· Add support for static NAT IP 
· Add option to disable sending SUBSCRIBE message

· Add support for flashing LED when connection to the SIP proxy is lost. 

· Add support for FAX for HandyTone when the remote end supports T.38

· Add support for authentication checking for remote reboot by GAPS/GAPS Lite

· Allow disabling call waiting 

· Add support for keypad update lock for BudgeTone & HandyTone 
· Add support for iLBC and G722

· Add support for DMZ, MAC address cloning, and port forwarding for HandyTone 486

· Add support for DNS SRV and server fail-over 

· Add support for up to 3 custom downloadable music ring tones that can also be used when a certain incoming caller ID is matched (BudgeTone only)

· Add support for PPPoE CHAP authentication method

· Add support for Do-not-disturb, Call Forward (on Busy, No Answer, or Unconditional), Cancel Call Forward. 

· Add support for pressing *** to access the IVR menu without pressing the Configuration button on HandyTone

· Add support for detecting potential dynamic changes in IP:port mapping when the device is behind a NAT and then forcing re-registration using the modified IP:port mapping by the NAT(s).

· Allow access to 486’s Web server using either the LAN port or WAN port IP from a computer behind its LAN port; add config option to control access to the Web server from the WAN port (default is disabled) 

· Use professional female voice prompt for HandyTone products

Bug Fixes:

· Fix the branch ID uniqueness issue of ACK to a 2xx response

· Fix the CSeq not incrementing issue associated with sending DTMF via SIP INFO when user is dialing fast and response to SIP INFO is not received fast enough

· Fix the issue in a subsequent INVITE request upon receiving 302 response. 

· Fix the issue that no response to SIP INFO request is generated 
· Do not play dial tone if registration is required and device is not registered. 

· Fix the bug in parsing expire parameter and port when multiple contact items are in a same line (separated by comma)
· Fixed the wrong URI in ACK to non-2xx response
· Fixed the issue where a device will stop attempting to register when the connection with the SIP server is interrupted for some time. 
· Fix the layer-3 QoS configuration issue  

