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1 Introduction

This document contains the proposed common video simulation conditions for 3GPP services. MMS is not addressed in the proposed simulation conditions, since it is an error-free service and all codecs proposed for 3GPP Rel-6 have already been characterized in error-free conditions. The document is a draft and provided for information at the moment.

2 Common Test Conditions for All Services

2.1 Original sequences

The picture rate of the test sequences below is originally 25 Hz but it is considered to be 30 Hz in these simulation conditions to achieve 15 Hz and 10 Hz coded picture rate easily.

The picture size of the test sequences is QCIF.

PSS, MBMS: NASA. The first 1 minutes of the sequence is encoded. The coded bitstream is looped 4 times.

PSC: Foreman, Carphone. The pictures are first coded in normal order and after that in reverse order and then again in normal order etc. to get a bitstream without abrupt scene changes. The total length of the created bitstream is 4 minutes. 

2.2 Packetization

Packetization is done according to 

· RFC 2429 for H.263

· RFC 3016 for MPEG-4 Visual

· draft-ietf-avt-rtp-h264-10.txt for H.264/AVC

2.3 Packet Loss Simulation

PDU loss masks/patterns are used. An SDU is identical to a packet, including all headers. The headers are 40 bytes for each SDU in IPv4 without header compression and typically x (TBD) bytes with header compression.

PSS and PSC: Qualcomm provides PDU loss patterns, which are from UTRAN 20msec TTI. The same PDU loss pattern is used for all bitrates, if it is found that there are no significant differences in error pattern statistics for different bitrates. (Preliminary investigations at Qualcomm indicated that there are no significant differences in loss patterns created for bearer rates 16, 32, 48, 64, and 128 kbps.) Error patterns will be created for 0.5, 1, 1.5% PDU loss rates for all bitrates and will be provided to SA4. 

MBMS: PDU loss patterns according to S4-040348 should be made freely available so that each contributor would use the same loss patterns and simulation results would be comparable. Simulation conditions follow S4-040348.

2.4 Depacketization

Corrupted packets are discarded completely and not passed to the decoder.

2.5 Presentation of Objective Results

PSNR is computed for each and every original frame (at maximum frame rate which is to be defined clearly for each source sequence) such that if no coded frame is received or displayed at the decoder in regular frame interval, the previous frame is repeated in PSNR calculation. This implies that more than one PSNR value might be calculated for a single reconstructed frame (against different source frames) in a scenario where one or more coded source frames are lost, or frames were skipped during encoding.

The following pieces of data shall be provided

· Average luma and chroma PSNR in error-free case and for corrupted streams

· Bitrate of each stream including uncompressed RTP/UDP/IPv4 header

· The average PSNR and bitrate information are provided as a table and as a rate-distortion plot.

· Plot of luma PSNR as a function of time for error-free and corrupted streams, for all original frames in Excel.

· Number of coded frames

Subjective quality evaluation may be done by viewing decoded sequences played in synchronization. Decoded sequences shall be available for subjective quality evaluation during the SA4 meeting in which the objective results are presented. 
2.6 Verification of the Results

The contributor has to provide to SA4:

· Error-free encoded elementary video bitstreams without packetization

· Error-free packet streams. Format of the packet streams (to be refined): A series of “packets” consisting of the following: 2 bytes of RTP/UDP/IP packet length, a dummy RTP/UDP/IPv4 header including correct values of RTP timestamp and sequence number, a valid RTP payload. 

· Video packet streams (after depacketization, i.e. including packet losses) and a file of RTP timestamps (ASCII-coded in a text file, one RTP timestamp per row) for each picture in the bitstream. 

3 Additional Simulation Conditions for PSS

3.1 Assumptions on Network

It is assumed that the network from the server up to RAN (exclusive) is error-free and there is essentially no transmission delay jitter.

As the RLC Acknowledgement (Ack) mode provides very close to an error-free channel and therefore the produced results with error-free bitstreams apply to PSS with the RLC Ack mode. This comes with the price of additional delay due to retransmissions. For PSS, this delay is assumed to be absorbed by the initial buffering delay in the RLC Ack mode. RLC Unack mode is also tested.

3.2 Encoding 

All test sequences shall be encoded at constant picture rate.
Random access point interval must be no longer than 10 seconds.

4 bitstreams of the same original sequence shall be coded such that they range approximately from 24 to 128 kbps. 

If bitrate control is used, the contributor shall provide a description of the rate control algorithm.

3.3 Comparison of Results

In the rate-distortion plot the bitrate for bitstreams for RLC Ack mode is equal to (1+PDU loss rate) * bitrate of the error-free elementary bitstream. (This requirement addresses the bitrate increase due to retransmissions in the link layer.)

4 Additional Simulation Conditions for PSC

4.1 Encoding

It is assumed, that a sequence is encoded and sent real-time so the characteristics are not known a-priori. Thus, coding efficiency and error resilience tools and their parameters are not allowed to be tuned to a given test sequence characteristics.

The encoder gets information on the lost IP packets after a certain delay (to be defined) and may utilize this in the encoding process. 

4 bitstreams of the same original sequence shall be coded such that they range approximately from 24 to 128 kbps. 

If bitrate control is used, the contributor shall provide a description of the rate control algorithm.

RLC Unack mode is used for PSC simulations (i.e no retransmissions to reduce the packet loss at the expense of additional delay).

5 Additional Simulation Conditions for MBMS

5.1 Encoding 

All test sequences shall be encoded at constant picture rate.
Bitrate of the bitstreams must comply with S4-040438 (taking into account the bitrate for FEC, if any).

The contributor shall provide a description of the bitrate control algorithm.

Random access point interval must be no longer than y seconds (to allow users to tune in to a broadcast). The value of y will depend on FEC, and the desired delay in various usages of MBMS (download, streaming, pseudo-streaming).

5.2 Comparison of Results

In the rate-distortion plot the bitrate includes any FEC overhead if FEC is used in packet loss simulation.
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