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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

1
Scope

The present document reports the study on video telephony robustness improvements extensions in Multimedia Telephony Service for IMS and provides recommendation on their applicability for MTSI video telephony applications.
2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]
3GPP TS 22.105: "Services and service capabilities".
[3]
3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia telephony; Media handling and interaction".
[4]
IETF RFC 4585: "Extended RTP Profile for Real-time Transport Control Protocol (RTCP)-Based Feedback (RTP/AVPF)", July 2006.
3
Definitions and abbreviations

3.1
Definitions

For the purposes of the present document, the terms and definitions given in TR 21.905 [1] apply.
3.2
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply.
To be added
4
Background

The present document reports the study on video telephony robustness improvements extensions in Multimedia Telephony Service for IMS and provides recommendation on their applicability for MTSI video telephony applications. It first provides an overview of the additional error resiliency (ER) tools that could improve the performance of the Multimedia Telephony Service for IMS (TS.26.114 [3]). Then test conditions representative of error conditions experienced in IMS Video Telephony are presented. Following the description of the test conditions, evaluation criteria for determining the benefits of proposed tools and mechanisms is presented. Performance of the proposed ER tools is evaluated in under the defined testing conditions that take into account packet loss rate/pattern, end to end delay, bitrate overhead and video smoothness (dropped frames, rendering jitter). Based on the performance results, conclusions are made in terms of recommendations for support of proposed ER tools and mechanisms for Multimedia Telephony Service for IMS. 
Add justification and objectives from work item
5
Overview of VTRI_EXT tools
5.1
Introduction

Multimedia Telephony Service for IMS (MTSI 3GPP TS 26.114 [3]) defines MTSI clients’ sender and receiver behaviour utilizing IETF RFC 4585 [4] AVPF Generic NACK and Picture Loss Indication (PLI) feedback messages for ER. Current error correction scheme provides basic error correction through codec level error resiliency (ER) mechanisms. Transport and application level error resiliency schemes such as Retransmission (NACK), Forward Error Correction (FEC) along with advanced codec level ER schemes such as Reference Picture Selection (RPS) provide alternative error correction mechanisms that offer different performance trade-offs. The performance of error correction schemes varies with end-to-end delay, channel bandwidth and packet loss rate.

5.2
Retransmission

Retransmission (NACK) scheme provides efficient error correction in terms of bandwidth under short round-trip-time (RTT) cases with low packet loss rates. The efficiency of retransmission scheme becomes more pronounced at higher bitrates since selective retransmission of lost packets instead of entire pictures needs to be transmitted. Under low RTT scenarios it can provide low video rendering jitter.

5.3
Forward error Correction

Forward Error Correction (FEC) schemes provide a mechanism that balances video quality and end-to-end delay. FEC schemes can adapt to varying channel error conditions. FEC is suitable for high RTT channels with high packet loss rates where retransmission leads to high video rendering delay and codec based recovery mechanisms like RPSI, PLI lead to frequent video freezes and/or corruptions. FEC schemes are complemented by retransmission (NACK) or RPSI, PLI feedback mechanisms to address FEC failure cases. 

5.4
Reference Picture Selection

Reference picture selection indication (RPSI) feedback message in AVPF that is currently not supported in TS 26.114 offers more efficient error recovery by providing greater certainty on establishing common reference point for recovery between the sender and the receiver.
Editor’s Note: Add the references 
6
Test cases and Conditions
6.1
QoS Requirements for Conversational Video Services
Specification TS 22.105 [2] defines range of QoS requirements and end user QoS requirements for conversational video services. According to TS 22.105, the following requirements shall be supported.
	
	Real Time (Constant Delay)


	Non Real Time (Variable Delay)



	Operating environment
	BER/Max Transfer Delay
	BER/Max Transfer Delay

	Satellite

(Terminal relative speed to ground up to 1000 km/h for plane)
	Max Transfer Delay less than 400 ms

BER 10-3 - 10-7

(Note 1)
	Max Transfer Delay 1200 ms or more

(Note 2)

BER = 10-5 to 10-8

	Rural outdoor

(Terminal relative speed to ground up to 500 km/h) (Note 3)
	Max Transfer Delay 20 - 300 ms

BER 10-3 - 10-7

(Note 1)
	Max Transfer Delay 150 ms or more

(Note 2)

BER = 10-5 to 10-8

	Urban/ Suburban outdoor

(Terminal relative speed to ground up to 120 km/h)
	Max Transfer Delay 20 - 300 ms

BER 10-3 - 10-7

(Note 1)
	Max Transfer Delay 150 ms or more

(Note 2)

BER = 10-5 to 10-8

	Indoor/ Low range outdoor

(Terminal relative speed to ground up to 10 km/h)
	Max Transfer Delay 20 - 300 ms

BER 10-3 - 10-7

(Note 1)
	Max Transfer Delay 150 ms or more

(Note 2)

BER = 10-5 to 10-8

	NOTE 1:
There is likely to be a compromise between BER and delay.

NOTE 2:
The Max Transfer Delay should be here regarded as the target value for 95% of the data.

NOTE 3:
The value of 500 km/h as the maximum speed to be supported in the rural outdoor environment was selected in order to provide service on high speed vehicles (e.g. trains). This is not meant to be the typical value for this environment (250 km/h is more typical).


And the requirements for end user QoS as performance expectations for conversational/real-time services is shown in table below.
	Medium
	Application
	Degree of symmetry
	Data rate
	Key performance parameters and target values

	
	
	
	
	End-to-end One-way

Delay
	Delay

Variation within a call
	Information loss

	Audio


	Conversational voice


	Two-way
	4-25 kb/s
	<150 msec

preferred

<400 msec limit Note 1
	< 1 msec 
	< 3% FER 

	Video


	Videophone
	Two-way
	32-384 kb/s
	< 150 msec preferred

<400 msec limit

Lip-synch : < 100 msec 
	
	< 1% FER 



	Data 


	Telemetry

- two-way control
	Two-way
	<28.8 kb/s
	< 250 msec 
	N.A
	Zero

	Data
	realtime games
	Two-way
	< 60 kb/s

Note 2
	< 75 msec preferred
	N.A
	< 3% FER preferred,

< 5% FER limit

Note 2

	Data
	Telnet
	Two-way

(asymmetric)
	< 1 KB
	< 250 msec 
	N.A
	Zero


QoS test conditions used to evaluate the proposed tools should follow the service requirements described in TS 22.105. In addition to QoS networks, test conditions addressing interworking with non-QoS networks should be considered for the following reasons:

· interworking with non-QoS networks is a relevant deployment use case and may result in losses in the non-managed part of the delivery

· despite QoS, there may be circumstances for which the QoS guarantees fail and service continuity is relevant. 
6.2
Channel conditions
Channels conditions from QoS LTE, best effort LTE and Wifi channels will be logged from a video telephony call at video configurations defined in section 6.3. The channel logs will capture delay (RTT), picture arrival times, packet loss and throughput. The source of the packet loss could be from the physical channel as well as congestion.
6.3
Error profiles

Error profile models that are representative of the captured channel logs will be used to derive channel models (if possible) to be used in the simulations for tool evaluation [TBD]. Alternatively, packet loss rates of 0.01-5% with burst lengths that are representative of observed losses will be used [TBD].
6.4 
Test Content
For evaluation of ER tools, the two main factors that have impact on the overall performance is the video bitrate and the frame rate. It is assumed that the video is coded in low delay configuration, i.e., IPPPPP… or IBBBB…. configuration. The video resolution, content, and codec type (AVC, HEVC) have minimal impact since as described in section 7, the corrupted pictures will be considered as non-rendered pictures. The following video resolutions, bitrate and frame rates will be used during the evaluation process.

	Resolution
	Bitrate (kbps)
	Frame rate (fps)

	320x240
	200-400
	15

	640x480
	400-600
	30

	1280x720
	600-1000
	30


7
Evaluation Criteria
In order to simplify the evaluation process, it will be assumed that corrupted video frames will not be rendered. When an error occurs, corrective action based on retransmission, RPSI or FEC will be taken. These proposed tools can be used alone or in combination. For example FEC and RPSI or FEC and NACK can be used in combination to complement each other (i.e. when FEC fails, NACK or RPSI can achieve recovery).

Assuming that there will no corrupted pictures will be rendered, then parameters that effect perceived video quality are:

1. Bitrate overhead

2. End-to-end rendering delay

3. Number of frames not rendered
4. Rendering smoothness measure (standard deviation of rendering time from the target rendering time).
Editor’s Note: Some input is expected to put the parameters into context of subjectively perceived quality, potentially taking into account different service constraints.
During the testing process, audio-video (AV) synchronization will be assumed to be preserved, i.e., long term delay in video will force audio to be delayed. End to end delay in evaluation setup will remain within the bounds specified in TS 22.105.
8
Results
9
Conclusions
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