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Background

Recently work has been initiated in the ITU-T work group SG15 Q12-14 on the mobile extension on H.323. Annex I is focusing on “Transmission over Error-prone Channels”. In development for the Annex I of H.323, it is part of the study to quantitatively measure the performance of the proposals. Here we detailed the simulation conditions for H.323. Annex I transmission over error prone channels.

Simulation Method

1. Codec
· H.263 Profile 3

The Profile 3 contains:

Annex I: Advanced INTRA Coding mode

Annex J: Deblocking Filter mode

Annex K: Slice Structured mode (Arbitrary Slice Ordering submode, ASO)

Annex T: Modified Quantization mode 


· H.263 Profile 4

The Profile 4 contains: 

Annexes in Profile 3 and 

Annex V: Data Partitioned Slice mode (Arbitrary Slice Ordering submode, ASO)

Annex W subclause W.6.3.8: Previous Picture Header Repetition Supplemental Enhancement Information 

2. Encoding Video Data
For each video sequence tested, a length of 30000 frames of the original video is used. This corresponds to 1000 seconds (over 16 minutes) of video sequence.  Encoding frame rate of all the video sequences is 10 fps. An initial quantizer QP of 20 is set with the encoder.  Rate control method of TMN8 should be used.  The sequences are coded with Forced MB Intra Update rate of 25.
When the Annex K and/or Annex V is used, the length of the slice should be such to make packets fit in the length of segment to avoid segmentation of the IP packet (for fixed segment-loss-rate channels, see below). 
3. Packet-loss IP-Bearer Channel
To simplify the simulation, the loss characteristics are simulated at the IP packet level. The simulations need to be run over two types of packet-loss channels.

· Fixed packet-loss-rate IP channel

The channel has a fixed packet-loss rate for the packets sent through it, regard of the packet length. The channels simulated are with packet lost rate of 1%, 2%, 5% and 10%. 

· Fixed segment-loss-rate IP channel

For this type of channel, the loss-rate is constant for fixed-length of segments of the IP packets. The loss-rate of any particular IP packet can then be figured out by assuming the loss of each segment as a stochastic process with independent identical loss rate p. For the purpose of the simulation, the segment length is assumed to have a network independent value of 1000 bits, and the segment loss-rate are 1%, 2%, 5% and 10%.
4. PSNR Calculation
Objective quality measurement is performed by calculating the PSNR. As stated in the common testing condition for video performance evaluation in Advanced Video Expert Group, the average PSNR is calculated between each and every frame of the source sequence (at full frame rate), and the corresponding reconstructed frame. 

5. Rate Distortion Curve
Because of the nature of the Forward Error Correction (FEC) scheme, the bare multimedia payload stream and the protected stream will take different bandwidth. Thus, to facilitate objective performance measurement taking into account the extra bandwidth that the protection scheme takes, rate distortion curves are needed. 

The actual calibrated bitrate shall be used in the plot of the rate distortion curve. It is obtained by dividing the total bits of the video data sequence (including the number of bits for the FEC packets in case FEC schemes are used) by the time duration of the coded sequence. It should include all transmitted bits (instead of encoded bits), which include IP/UDP/RTP header, payload data and the FEC protection.
