SIPCOMM MEMO

Date: September 25, 2000

From: Hal Weinreb

TO: Distribution via e-mail: Art Brody, Knarig Arabshian, Joe Flicek, John Hayden, Mike Keating, Gautam Nair, Santo Pittsman, Henning Schulzrinne, Li Wang, Tom Wing

SUBJECT: E*PHONE  2.1/2.2 Software Stack 

Following is an updated status of the software modules that are to be incorporated into the new hardware 2.2 ephone. The update is based on a meeting with Gautam Nair and Knarig Arabshian on Sept. 22.  The new hardware 2.2 ephone will contain only the 2.1 software proposed by Henning in his document, " Functional Specification and Feature Roadmap", July 13,2000. 
Network Modules, Ipv4 support

	Name
	E*phone

Software1
	Status as of 09/22/002
	Comments

	ARP, with cache
	2.1
	Ca
	

	ICMP router advertisements
	2.1
	“
	

	ICMP echo reply (for ping)
	2.1
	“
	

	ICMP echo request (outgoing ping)
	2.1
	“
	

	ICMP port unreachable
	2.1
	“
	

	ICMP (multicast) support
	2.1
	“
	

	DHCP for IP address
	2.1
	“
	

	DHCP for net mask
	2.1
	“
	

	DHCP for tftp server
	2.1
	“
	

	DHCP for DNS host name
	2.1
	“
	

	DHCP for DNS resolver
	2.1
	“
	

	DHCP for default gateway
	2.1
	“
	

	DHCP for default SIP proxy
	2.1
	“
	

	DHCP for time server
	2.1
	“
	

	DHCP for user name
	2.1
	“
	

	Time protocol support for clock
	2.1
	“
	

	syslog logging
	2.1
	“
	

	Tftp upgrade 
	2.1
	
	John Hayden is working on this

	Handle fragmented packets 
	2.1
	“
	

	UDP
	2.1
	“
	

	DNS A resource records
	2.1
	“
	

	DNS CNAME resource records
	2.1
	“
	

	DNS SRV resource records
	2.1
	“
	

	IPv4 router alert option
	2.2
	NA
	

	TOS byte setting (for diffserv)
	2.2
	NA
	


Footnotes:

1) Reference: Henning Schulzrinne, " Functional Specification and Feature Roadmap", July 13,2000. It is currently planned to include only the ephone 2.1 software in the new 2.2 hardware model for issue during the 4th quarter of 2000.

2) Indicates whether the software for this function is complete with a "C" or an "I" for incomplete and whether it has also been satisfactorily alpha tested with an  a.  Thus, 2.1 software that is completed and satisfactorily alpha tested is shown by Ca.  None of the software for software versions 2.2 and higher have been scheduled or completed and will be shown with an “NA” for this status report.
Audio/RTP Modules

	Name
	E*phone

Model1
	Status as of 09/22/002
	Comments

	Call progress tones (busy, fast busy, ring back)
	2.1
	C
	

	Audio loop back mode for hardware testing
	2.1
	C
	

	G.711 (u-law) codec 
	2.1
	C
	

	RTP (timestamp, seq.no, PT)
	2.1
	C
	

	Robust against timestamp reset
	2.1
	
	Test item

	Audio playout delay tested with trace
	2.1
	
	Test item

	RTCP SR/RR sending
	2.1
	
	Li Wang. Functionally complete.

	Speaker phone mode
	2.2
	NA
	

	Audio mixing
	2.2
	"
	

	DTMF generation in PTP (RFC 2833)
	2.2
	"
	

	GSM audio codec
	2.2
	"
	

	DVI audio codec
	2.2
	"
	

	MPEG 2 L3 audio decoder
	2.2
	"
	

	Outgoing DTMF tone generation
	2.2
	"
	

	RTCP receiver support for diagnostics
	2.2
	"
	

	Mid-call codec changes
	2.2
	"
	

	Bandwidth-adaptive audio codec
	2.3
	"
	

	Loss compensation (FEC, RFC 2733)
	2.3
	"
	

	YESSIR resource reservation
	2.3
	"
	

	Playback RTP DTMF tones
	2.3
	"
	

	Acoustic echo cancellation for speaker-phone mode
	2.x
	"
	


Footnotes 1 and 2: See footnotes for the Network Modules, Ipv4 support table.
SIP/RTSP/SAP Modules

	Name
	E*phone

Model
	Status as of 09/22/002
	Comments

	INVITE, ACK, BYE support 
	2.1
	Ca
	

	REGISTER support with refresh
	2.1
	C
	Still needs to be alpha tested

	SIP From, To, Call id
	2.1
	Ca
	

	SIP CSeq
	2.1
	"
	

	SDP, without dynamic payload types
	2.1
	"
	

	Generation and processing of Via headers
	2.1
	"
	

	Generation of SIP To tags
	2.1
	"
	

	Change media types in mid-session
	2.2
	NA
	

	REGISTER several identities
	2.2
	"
	

	Accept 30x redirect
	2.2
	"
	

	CANCEL generation
	2.2
	"
	

	CANCEL handling
	2.2
	"
	

	SDP with dynamic payload types
	2.2
	"
	

	SAP for multicast sessions
	2.2
	"
	

	                                                    …………………………Table continued on next page

	SIP/RTSP/SAP Modules continued from previous page



	Name
	E*phone

Model
	Status as of 09/22/002
	Comments

	Call forwarding on no answer
	2.2
	NA
	

	Call forwarding busy
	2.2
	"
	

	Call forwarding do-not disturb with Retry-After
	2.3
	"
	

	Intercom mode (auto answer)
	2.3
	"
	

	Basic authentication for incoming calls (password)
	2.2
	"
	

	Digest authentication for incoming calls
	2.2
	"
	

	Digest authentication for REGISTER
	2.2
	"
	

	Basic authentication for outgoing calls
	2.3
	"
	

	Digest authentication for outgoing calls
	2.3
	"
	

	Distinctive ringing based on caller id
	2.3
	"
	

	Distinctive ringing based on Priority
	2.3
	"
	

	Forwarding when no one present (sensor)
	2.3
	"
	

	Multiple logical "lines" ("call presences")
	2.3
	"
	

	Call transfer
	2.3
	"
	

	Conferencing between line
	2.3
	"
	

	Allow camp-on and queing
	2.3
	"
	

	Log-in via i-button or keypad
	2.4
	"
	

	Interface to passive IR sensor
	2.4
	"
	


Footnotes 1 and 2:   See footnotes for the Network Modules, Ipv4 support table
User Interface Modules

	Name
	E*phone

Model1
	Status as of 09/22/002
	Comments

	Display time of day
	2.1
	
	Knarig Arabshian. Functionally complete. Needs to be integrated with other codes.

	Display call duration
	2.1
	
	"

	Display name/SIP URL of calling party
	2.1
	
	"

	Display name/SIP URL of called party
	2.1
	
	"

	Display subject of call
	2.1
	
	"

	Display priority of call
	2.1
	
	"

	Display call progress (1xx messages)
	2.1
	
	"

	Configuration: SIP name
	2.1
	
	"

	Configuration: net mask
	2.1
	
	"

	Configuration: own IP address
	2.1
	
	"

	Configuration: gateway address
	2.1`
	
	"

	                                                                              …………. Table continued on next page

	User Interface Modules  continued from previous page



	Name
	E*phone

Model
	Status as of 09/22/002
	Comments

	Configuration: DNS resolver address
	2.1
	
	Functionally complete. Needs to be integrated with other codes.

	Configuration: domain
	2.1
	
	"

	Configuration: host name
	2.1
	
	"

	Configuration: logging server
	2.1
	
	"

	Configuration: time server
	2.1
	
	"

	Configuration: outbound proxy
	2.1
	
	"

	Configuration: voice mail address (b/na/dnd)
	2.2
	NA
	

	Configuration: no answer delay
	2.2
	"
	

	Distinctive ringing by priority
	2.2
	"
	

	Address book (downloadable)
	2.2
	"
	

	Speed-dial buttons (downloadable)
	2.2
	"
	

	Configuration: busy behavior (queue, reject)
	2.3
	"
	

	Display packet statistics
	2.3
	"
	

	Call log (time, subject, caller)
	2.3
	"
	

	Radio interface
	2.3
	"
	

	RTSP-based distinctive ringing
	2.4
	"
	

	RTSP voicemail interface (play, ff, rw,etc.)
	2.4
	"
	


Footnotes 1 and 2:   See footnotes for the Network Modules, Ipv4 support table
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