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ABSTRACT

DISCUSSION

Introduction

Given the QoE metric of no more than 1 visible artefact per hour [ATIS Packet Loss Report], some form of error recovery for Linear IPTV is necessary.  Errors most often come as lost packets, either due to congestion in which case the packet gets dropped or due to some sort of interference that corrupts a bit(s), causes the CRC to fail, resulting in the packet being discarded.  While the core network is relatively error free, the access link and the home network are known to be error prone.  DSL is particularly susceptible to interference because its metallic links act as antennae for cross-talk or electromagnetic interference and wireless is known to be lossy in the sense of dropped packets.  For the DSL link to the home or wireless networking within the home, the error rates are such that visible defects may occur every few 10s of seconds, even with error recovery at the PHY layer.  

The following proposes text for section 8.1 of the Working Document on “Application layer reliability solutions for IPTV” - FG IPTV-DOC-0088.  The section is currently entitled “ARQ”.  This contribution is also suggesting changing the title to be “Retransmission” to better reflect the more comprehensive nature of the content in the section.

Proposed text

This proposal supplies text for section 8.1 of FG IPTV-DOC-0088.  This contribution also proposes changing the title of section 8.1 from “ARQ” to “Retransmission”.
8.1
Retransmission

NOTE:  This material has been taken in large part from ATIS-0800005 on Packet Loss, section 3.1.2.

RTP retransmission is one viable packet loss recovery technique for real-time applications.  Retransmitted RTP packets can be sent in a separate stream from the original RTP stream.  Like TCP retransmissions, it is assumed that feedback from receivers to senders is available, but, unlike TCP, RTP/UDP does not mandate congestion control by reducing the packet transmission rate, thereby making RTP more appropriate for broadcast–grade video.

The companion protocol to the Real Time Protocol (RTP), the Real Time Control Protocol, (RTCP) as specified in RFC 3550 does not acknowledge single RTP packets but does report statistics on packet loss and jitter.  The source node can evaluate the statistics to decide if adaptation is appropriate.  Recently, an extension to the RTCP for the Audio-Visual Profile (AVP) enables receivers to provide, statistically, more immediate feedback to senders, allowing for efficient feedback-based repair mechanisms (e.g., retransmission) to be implemented.  

More specifically, the RTP Retransmission -related specifications from the IETF uses a simple system in which clients request retransmission of specific, lost packets by sending negative acknowledgements (RTCP NACK) to a feedback target/retransmission source over the RTCP flow of the RTP session.  A receiver can use a single NACK packet to request transmission for one or multiple lost packets.  Then the retransmission source responds with a retransmission of the missing packets over IP unicast or alternatively via IP multicast (for multicast sessions). 

References for RTP, RTCP and RTP retransmissions are as follows:

	RFC
	Date
	Status
	Title
	Abstract

	3550
	07-03
	S
	Real Time Protocol: A Transport Protocol for Real-Time Applications
	The Real Time Protocol provides end-to-end network transport functions suitable for applications transmitting real-time data, such as audio, video or simulation data, over multicast or unicast network services.

	3556
	07-03
	S
	Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control Protocol
	This document defines an extension to the Session Description Protocol (SDP) to specify two additional modifiers for the bandwidth attribute.  These modifiers describe the bandwidth allowed for Real Time Control Protocol (RTCP) packets in a Real-time Transport Protocol (RTP) session.

	3605
	10-03
	S
	Real Time Control Protocol (RTCP) Attribute in Session Description Protocol (SDP)
	When the session crosses a network address translation device that also uses port mapping, the ordering of ports can be destroyed by the translation.  To handle this, the document proposes an extension attribute to SDP.

	3611
	11-03
	S
	Real Time Protocol Control Protocol Extended Reports (RTCP XR)


	This document defines the Extended Report (XR) packet type for the Real Time Control Protocol (RTCP) and defines how the use of XR packets can be signaled by an application if it employs the Session Description Protocol (SDP).

	4585
	8-04
	S
	Extended RTP Profile for

Real-time Transport Control Protocol (RTCP)-Based Feedback (RTP/AVPF)


	This document defines an extension to the Audio-visual Profile (AVP) that enables receivers to provide, statistically, more immediate feedback to the senders and thus allow for short-term adaptation and efficient feedback-based repair mechanisms to be implemented.

	4588
	9-05
	S
	RTP Retransmission Payload Format
	This document describes an RTP payload format for performing retransmissions.  

	RFC Editor Que
	3-06
	S
	draft-ietf-avt-rtcpssm-13.txt
	Extension that specifies how unicast NACK RTCP packets are correlated to the multicast sender for a particular RTP stream.


Legend: E = Experimental

              I = Informational

              S = Proposed Standard

DVB has just started a working group to specify the details of a retransmission system for IPTV as an alternative to FEC.  Current work indicates that retransmission has advantages in its areas of applicability (see section 9).  Additionally, the servers acting as the source for retransmission packets may also have other functions in the IPTV network such as (fast) channel change.  
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