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1.1. Introduction

The editors of this document believe that most of the services features for SIP based communications
and applications reside in the endpoints. As a consequence we would like to get information from
developers of PC/laptop User Agent (UA) vendors, developers of SIP desktop phones and SIP mobile
devices, such a PDAs and mobile phones about the implementation and availability of advanced SIP
UAs.

Advanced SIP UAs have several key features that are at present not yet available in many
implementations:

1. The ultimate user friendly experience for setting up the UA and using all features.

2. NAT traversal using ICE/STUN in the UA and deploying TURN servers when
required. This enables communications in various NAT scenarios.

3. Use if the Internet Low Bite Rate Codec iLBC, echo and side tone control and
automatic audio gain control for a superior user experience of Internet voice
communications.

4. The use of cryptographically asserted identity and the SIP certificate service for
prevention of spam and other attacks. Also, the use of SRTP for media encryption for
confidentiality.

5. Dual functionality: Client-server (CS) SIP and peer-to-peer (P2P) SIP. P2P SIP
can support the lowest cost SIP communications within an enterprise, without any
servers and the without the associated cost for servers or PBX. P2P SIP can also support
the lowest cost Internet consumer communications with good scalability. CS SIP will be
used in business-business and consumer-business communications and will enable the
use of SIP URLs, ENUM and gateway services to mobile networks and the PSTN. All SIP
communication features envisaged by FWD can be supported by both CS SIP and P2P
SIP.

Developers and implementers of SIP UAs are invited to submit information to mailto:UA@pulver.com.
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1.2. Requirements for various service models

The table shows the summary of the communication features and applications for the FWD service
using the PC/laptop, the PDA/wireless/mobile phone or the desktop SIP phone. The numbers in the left
column show the major release versions:

Release Number Features
1 Free UA for PC and PDA, free IP-IP service
2 Basic paid UA features and basic paid service
3 Advanced paid business services

Release number 1 is for free UAs for the PC/laptop and PDA. Releases number 2 and 3 are for
more advanced paid UAs and advanced paid services.
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1.3. Requirements for the FWD UAs'

ltem

1 Summary of
Requirements

2 UA Download

3 Installation

4 Upgrades

5 GUI/ Metaphor

Summary

Best overall user experience

100% standards based interoperability
Several OS: Windows, Mac, PDA OS’s
High security

Consumer and business communications
Localization - easy switching of language

Lowest cost

Single click download for PC/PDA

Short download time/small footprint on HD

Standard installation of UA and single click name and password choice.

SIP phones must be configurable by user with the utmost ease. Simple
procedures may be for example (1) going to a welcome account web
page, (2) by pointing the PC browser to the displayed IP address of the
phone or (3) by connecting the USB port of the SIP phone to the PC, so
as to display the web page of the phone. The default SIP URI
(sip:name@domain) is the same as for e-mail URI
(mailto:user@domain).

Automatic upgrades with user permission. Upgrades must keep previous
user settings.

Most intuitive for consumers

Most functional for business

Rel.

' CS: Client-Server, P2P: Peer-to-peer.
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1.4. Communications and Applications

6 Presence Presence with RPDIF attributes. XCAP data formats. 1/2
7 Media: IM IM in page mode and MSRP mode. Use IM window for file 1/2
sharing.
8 Media: Audio iLBC as the default codec 1
G.729 and G.711 for PSTN telephony gateways 1
GIPS stereo wideband codec for conferencing 2
9 Media: Video H.263 and optional H.264 CIF for 128, 256 and 512 kb/s 1
10 Media: TolP RFC 2793bis: RTP Payload for Text Conversation 2
11 Telephony Services Presence, Redial, DND, Hold, Transfer, Conference, Mute, 2,3
Call Waiting, Message Waiting. VM & e-mail integration.
CS and P2P 1
Emergency (911) and SOS support
12 Conferencing/Collabo e IM/Audio/Video 1
ration
e Document sharing 2
CS and P2P
e Conference and Presentation modes 2
e Floor control and floor display 2
e Ad-hoc (w. presence) & scheduled 2
e Roster support, call control and conference factory
13 Desktop Sharing o Web share (push) 2
CS and P2P ¢ White board sharing 2
o Display of MS Office suite documents 3
14 File Transfer Encrypted file transfer 2
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1.5. Protocols and Security

16

17

18

19

20

21

DNS/ENUM o DNS resolver 1
e ENUM resolver 1

o Registration service 2

SIP Compliance w. list of applicable RFCs (Attached) 1
STUN and ICE STUN client 1
ICE client 1

P2P Chord for P2P mode 2
Media Encryption SRTP with MIKEY key distribution 1
Identity Validation of Identity signatures 2

SIP Certificate Service

Connecting SIP/VolP islands using the registrar and identity
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