Definition of a Scenario for Erasure-Resilient Multimedia Transmission over Wireless Networks using RTP

1. General Definitions

In order to evaluate the performance of various proposed coding schemes for multimedia transmission over lossy packet-switched networks, the following scenario is being proposed:

· Different types of scalable video-codecs, as defined in section 2, shall be used to produce application data streams.

· Depending on the different coding schemes for erasure/error control coding, parity symbols (redundancy) are computed. Then, the resulting media data stream and the redundancy are mapped onto message blocks of (possibly) varying length.

· Each of these message blocks shall be mapped onto the payload part of one RTP packet as defined in section 3.

· All RTP packets are encapsulated first in UDP, and then in IP packets as defined in section 3.

· For the mobile link, a packet-switched UMTS bearer service shall be assumed, as defined in section 4 and 5. 

· The link conditions (frame error rate, etc.) shall be assumed as given in section 6.

· Performance evaluation shall be done according to section 7.

2. Types of  Media Codecs to be used

· H.263 Interactive and Streaming Wireless Profile(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 Annex O (spatial, temporal, and SNR scalability)

The simple scalable profile of the H.263 Annex O coding scheme provides tools for temporal, spatial and SNR scalability. These functionalities are very useful for multimedia transmission over error prone channels. The base layer data can be protected with high redundancy for FEC to achieve a reliable base quality even in case of massive packet losses while for the less important enhancement layer less protection is needed in order to achieve a better utilization of the channel capacity for the source data.

-
next will be H.26L with data prioritization capabilities, profiles will be defined in the near future

3. Packetization at Higher Protocol Layers

· Each message block of variable length x bytes, which is produced by the media codec in combination with the erasure-resilient coding procedure, shall form the payload of one single RTP packet (i.e. the RTP-SDU). By adding the conventional RTP header of length 12 bytes (as defined in [1]), and an optional header of length y bytes, which depends on the selected coding scheme, the corresponding RTP-PDU is constructed.

· The latter in turn represents the payload part of a single UDP packet (i.e. the UDP-SDU), and the corresponding UDP-PDU is constructed by adding the conventional UDP header of length 8 bytes (as defined in [2]). 

· Finally, the conventional IP header of length 20 bytes (as defined in  [3]) is added, and the resulting IP datagram has then a total length of 20+8+12+y+x (bytes) = 40+y+x (bytes).

4. Data Link Layer Setup

PDCP-Layer:

All IP datagrams now enter the UMTS protocol stack at the PDCP stage [4]:

· Since we do not have a reliable link layer, we do not perform header compression at the PDCP entity. Otherwise, we would risk multiple packet loss at the higher layers, if one of the compressed headers is lost!

· Hence, no additional PDCP header is necessary, and the PDCP-PDU just consists of a single IP datagram, and is of length 40+y+x (bytes)

RLC-Layer:

Generally, the RLC entity shall only offer an unreliable transport service, i.e. no ARQ schemes are enabled for delay reasons (real time applications).

The PDCP-PDUs may or may not be segmented at the RLC layer, depending on whether they match the size requirements of the underlying transport units at the physical layer or not. Hence, the following two modes of operation at the RLC stage can be chosen [5]:

· Transparent Mode: If no segmentation is performed, we do not need any additional RLC header fields, and the RLC-PU just contains the PDCP-PDU, and is of length 40+y+x (bytes).

· Unacknowledged Mode: If segmentation has to be performed to match the size of physical layer transport units, an RLC header has to be added, which is of length 1-3 bytes, and contains the mandatory sequence number (1 byte), and an optional length indicator (1 or 2 bytes).

MAC-Layer:

The data transport shall be from now on done by use of  3 parallel dedicated channels (DCH), which consist of a pair of dedicated traffic channel and control channel (DTCH/DCCH) each. The mapping of RLC-PDUs is done in a way such that three successive RLC-PDUs are mapped onto each of the three DTCHs.

Note: The information conveyed on the corresponding three DCCHs is assumed to be arranged according to the UMTS specifications, and will not be considered here explicitly!

Since no multiplexing of dedicated channels is performed at the MAC stage, no MAC header is required [6]. Hence, the MAC-PDU for a DTCH just contains the respective RLC-PDU!

5. Physical Layer Format and Bearer Service

For means of simplification, only, only downlink data transmission over UMTS FDD mode shall be considered (a corresponding scenario for uplink can be similarly defined). The chosen bearer service corresponds to the 480 ksps dedicated physical channel (DPDCH), as defined in [7]. Table 1 shows the respective parameters for a single DTCH/DCCH pair.

Table A.1: Transport channel parameters

Parameter
DTCH
DCCH

Transport Channel Number
1 
2 

Transport Block Size
944
100

Transmission Time Interval
10 ms
20 ms

Type of Error Protection
Turbo Coding
Convolutional Coding

Coding Rate
1/3
1/3

Size of CRC
16
12

Position of TrCH in radio frame
Fixed
fixed

Figure 2 shows the encoding and interleaving procedure for one single DTCH/DCCH pair. Hence, a maximum number of 944 information bits (corresponding to the size of a single MAC-PDU in our setup) may be appended with a CRC field. After channel encoding, interleaving, and rate matching [8], we get a block of length 2892 bits for each DTCH. The figure also contains the corresponding values for the DCCH, which result in a block consisting of 2 parts with 148 bits each.
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Figure 2: Details of physical layer for one single DCH (DTCH + DCCH)

Since we have three parallel DCHs, the corresponding radio frames are multiplexed onto one single composite traffic channel (CCTrCH ) [9] of size 9120 bits, as shown in figure 3. After another interleaving procedure, this block is split up into 15 slots of size 608 bits each, which are then mapped onto a radio frame of the 480 ksps bearer service. These radio frames are transmitted on the physical channel every 10ms.
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Figure 3: Multiplexing of DCH's into a CCTrCH & mapping onto radio frames

6. Frame Loss Statistics

If there are any residual bit errors after channel decoding at the receiver, the CRC check for the information blocks of 944 bits will fail eventually, resulting in the loss of a complete MAC-PDU. Due to the underlying multiple interleaving procedures, the loss of information blocks (i.e. MAC-PDUs in our setup) can be considered to happen independently according to a certain frame loss rate p. 

Since one single MAC-PDU contains only one RLC-PU, the loss at this stage can also be assumed to happen independently with rate p. However, if segmentation has been performed at the RLC stage, a single missing RLC-PU usually results in the loss of the whole IP packet it belongs to. The probability distribution of lost IP packets may be derived via stochastic operations (e.g. Bernoulli process) with respect to the used segmentation procedure and the independent frame loss rate p.

Excessive link layer simulations with respect to the UMTS air interface have shown that a frame loss rate p in the range between 0.01 and 0.1 seems to be a reasonable assumption for current implementations of the chosen bearer service!

7. Performance Evaluation

Objective quality measurement is performed by calculating the PSNR. As stated in the common testing condition for video performance evaluation in Q.15 group, the average PSNR is calculated between each and every frame of the source sequence (at full frame rate), and the corresponding reconstructed frame [10].
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