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Introduction

This proposal suggests some end-to-end requirements for the AIPN with an appropriate Access system taking into consideration the requirements of different typical end-to-end services and protocols.

Discussion

To identify the requirements on the different parts of the end-to-end system, it is preferable to follow a top-down approach. We start, on a top-level, with end-to-end requirements on the application level so that the user will perceive a good overall performance when using a wide set of end-user services. The top-level end-to-end requirements are then broken down to requirements on different parts of the system. The performance requirements of end-user services are obtained using subjective tests on the basis of the Mean Opinion Score methodology.

Table 1 Application requirements

	
	Downlink rate
	Packet loss
	Round-trip delay
	Delay jitter

	Chat
	> 40kbps
	< 10 %
	< 1 s
	Tolerant

	Web browsing
	> 500 kbps
	< 0.1 %
	< 100 ms
	Small

	E-mail
	> 500 kbps
	< 1 %
	< 100 ms
	Small

	Peer-to-peer file sharing, FTP 
	>> 500kbps
	<< 0.1% 
	< 50 ms
	Small

	Streaming
	128k music
200k small clip
1M film quality
5M bcast quality
	< 1-5%
	< 500 ms
	Tolerant

	Real-time multiplayer gaming
	> 50 kbps
	< 1 %
	< 50 ms
	< 25 ms

	Voice over IP
	10-20 kbps depending on codec, Hdr-compr.
	< 10 %
	< 180 ms one way, mouth-to-ear
	Using shaping buffer


Throughput requirement

Based on Table 1, the minimum downlink rate is 500 kbps for TCP based applications, but this value cannot be interpreted as a rate requirement, rather than an absolutely minimum value below which the users are severely dissatisfied. How higher the actual achievable rate should be rather a business and provisioning question and should not be part of this requirement set. (This does not prohibit putting requirements e.g., on aggregate cell throughput of a particular radio access technology).

We argue that the requirements should be put on characteristics such as delay, loss and delay jitter in such a way that they do not impose a bottleneck for applications e.g., TCP to reach high performance. For example, a file download rate should be limited by the available capacity in the cell, and should not be limited by packet loss or delay jitter.

Delay requirement

It is the TCP based file download type applications and real-time gaming that require the best service performance from the system. The TCP protocol is sensitive to packet losses and delay/delay-jitter at high speeds. TCP interprets both packet losses and delay increases as signals of network congestion, and when experiencing either of them TCP reduces its speed. The relation between achievable TCP download rate and end-to-end characteristics is not linear, at higher speeds TCP is increasingly sensitive to delay and loss. 

The table below shows this relationship:

Table 2 TCP download speed limits

	Round-trip delay
	0.1% packet loss
	0.01% packet loss
	0.001% packet loss

	10 ms
	~ 39 Mbps
	~ 115 Mbps
	~ 370 Mbps 

	50 ms
	~ 8 Mbps
	~ 25 Mbps
	~ 73 Mbps

	100 ms
	~ 4 Mbps
	~ 12 Mbps
	~ 39 Mbps


Apart from the AIPN with access system the end-to-end delay also consists of additional propagation delay depending on the location of the other end-host e.g., server. The typical round-trip delays are between 1-10ms local, 10-50 ms within a continent and 70-200 ms intercontinental.

Based on Table 2 the achievable TCP rate depends on the end-to-end delay significantly. We argue that the mobile network contribution to the delay budget should be defined such that the end-user achieved rate is limited by the radio capacity and not by the delay when the user is in good radio condition (0.001% loss) and the end-host is located within the same continent.

Packet loss requirement

The packet loss ratio, to achieve a reasonable download rate thus has to be significantly less than 0.1%, preferably as small as 0.001%. It must be considered that source of packet losses may be outside of the operator’s administrative domain, thus the packet loss ratio in the radio and backhaul segments should be kept on the conservative side.

Delay jitter requirement

Delay jitter has impact mostly on the following applications and protocols:

· File download using TCP protocol. If delay jitter is larger than the Retransmit Time-Out (RTO), TCP may sense large jitter as signal for congestion. The RTO is usually measured in increments of 10 ms to 500 ms (depending on operating system) and its value depends on the history of previous round-trip time measurements. Considering a typical RTT of 50 ms, a robust limit for TCP delay jitter is in the same range, i.e. 50 ms.

· Real-time gaming applications are very sensitive to jitter. According to Table 1, the jitter shall be less than 25 ms if the base delay is 50 ms up to the gaming server, i.e. the server is on the same continent.

Summarizing the jitter tolerance of the above demanding applications, we can state that the jitter shall be less than 25-40ms. 

Proposal

We propose to include the following text in an appropriate place in TS 22.258:

End to end requirements for AIPN with access system

The AIPN with access system shall be capable of fulfilling certain end-to-end characteristics requirements. These requirements, if met by the system, will enable good end-user performance for a variety of end-user services including, but not limited to:

· Real-time, interactive applications, e.g., voice, video and real-time gaming applications

· Non-real time, interactive applications, e.g., Web browsing, remote login, chat

· Media streaming applications

· Conversational services

The present requirement applies to the entire end-to-end path from the user terminal to the other end-host or server including radio network, core network, and backbone network processing, buffering and propagation delays. Since the delay depends on the location of the end-host, the requirements shall be considered as preferred values when the user is within the same continent.

Round-trip delay requirement:


 The round-trip delay requirement for small IP packets (0 payload) shall be defined such that it will enable real-time applications at good quality when both end-hosts reside within the same continent. 

Proposed value is 50-70 ms average round-trip delay.

Packet loss requirement:


 The packet loss requirement shall be defined such that it will enable a certain maximum download data rate for TCP based applications when both end-hosts reside within the same continent and the radio conditions are preferable.

Proposed value is 0.001% in good radio conditions but maximum 0.1% packet loss ratio.

Delay jitter requirement: 


The delay jitter requirement shall be defined such that it will not harm real-time applications and will not cause significant TCP degradation due to spurious timeouts. 


Proposed value for delay jitter is 25 ms (for RT gaming), for TCP based download applications occasional bursts of up to 50 ms are still tolerated.
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