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Abstract

We propose two realistic test-scenarios for performance evaluation of different erasure-resilient transmission schemes suggested for H.323 Annex I: Scenario1 consists of a common loss model for IP packet transmission over the wired Internet, where the actual packet loss rate is assumed as fixed regardless of the size of the packets. However, since Annex I directly aims at improving reliability of multimedia transmission especially over wireless links, these differences from standard wire-line networks have to be taken into account. 

Hence, Scenario2 contains a model of a wireless access link to the backbone Internet. Among the most important issues are the size of the link layer transport units. The latter are commonly significantly shorter than IP packets containing multimedia data, and the size is often restricted to multiples of a certain basic length due to the fixed format of radio frames. Hence, segmentation is usually performed at the interface between IP and link layer, i.e. the content of a single IP packet is split up and mapped onto several successive link layer transport units (LLTU).

There are two important conclusions we can draw from this: First, if the length of IP packets is unconstrained (as in most of the current applications), segmentation overhead is added to the system whenever the size of an IP packet differs greatly from an integer multiple of the LLTU size due to stuffing that will be performed automatically at the link layer.

Secondly, if only one single LLTU segment gets corrupted during transmission, the whole IP packet it belongs to is usually lost, since the reassembly process will fail. Thus, the packet loss rate at IP level is not constant for stationary link conditions, but greatly depends on the length of a specific IP packet, if the latter is totally unconstrained.

Scenario2 tries to incorporate these general issues in packet transmission over wireless links by just specifying the loss rate for the fixed size LLTUs. Depending on the various proposed coding schemes, the packet loss rate at IP level and above can be derived via simple stochastic operations.

In order to allow performance evaluation of the proposed erasure-resilient schemes for practical future cases, the bearer service suggested for Scenario2 is based on the current specifications of UMTS packet-switched mode.

1 General Definitions

In order to evaluate the performance of various proposed coding schemes for multimedia transmission over lossy packet-switched networks, the following general conditions for the two different scenarios are being proposed:

· For both scenarios, 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.

· For both scenarios, each of these message blocks shall be mapped onto the payload part of one RTP packet as defined in section 3.

· For both scenarios, all RTP packets are encapsulated first in UDP, and then in IP packets as defined in section 4.

· In case of Scenario1, the parameters of the lossy Internet channel shall be assumed as given in section 5.

· In case of Scenario2, for the mobile link, a packet-switched UMTS bearer service shall be assumed, as defined in section 6 and 7. 

· In case of Scenario2, the UMTS link conditions (frame error rate, etc.) shall be assumed as given in section 8.

· Performance evaluation for both scenarios shall be done according to section 9.

2 Types of Media Codecs to be Used

2.1 H.26L with data prioritization capabilities

Tml5.2 is the actual relevant software for H.26L, as can be downloaded from the official ITU-SG16-Q.6 server.

2.2 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 


2.3 H.263 Interactive and Streaming Wireless Profile(Profile 4)

The Profile 4 contains:

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 

For both, 2.1 and 2.2 up to Level 20 for the maximum performance parameters should be supported.

Level 20 – Support of CIF, QCIF, and sub-CIF resolution decoding, capable of operation     with a bit rate up to 2·(64 000) bits per second with a picture decoding rate up to (15 000) / 1001 pictures per second for CIF pictures and (30 000) / 1001 pictures per second for QCIF and sub-QCIF pictures.

3 Media Codec Parameters
· Sequences: Foreman and Paris

· 30000 frames of the original video sequence
· Format: QCIF and CIF
· Frame rate: 10 frames per second

· Forced MB Intra Update rate of 25

· Fixed quantizer according to payload rate
· Use of Annex W subclause W.6.3.8. not mandatory
4 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).

5 Scenario1: Fixed Packet Loss Rate IP Channel

The aim of this relatively simple scenario is to provide a model of the packet loss situation for common IP packet transmission across the backbone Internet. Since packet loss is mainly due to congestion in network components, the channel shall be assumed to have a fixed packet loss rate of 1%, 2%, 5%, and 10% independent of the actual length of an IP packet. 

However, since we do not impose any bandwidth constraint in this scenario, the final evaluation results according to section 8 shall be appended by the following average metrics (averaged over the whole transmission time of the tested video sequence):

· average bandwidth used: the sum of the length of all sent IP packets divided by the total transmission time, 

· average delay for the above choice of  bandwidth.

6 Scenario2: Data Link Layer Setup

6.1 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)

6.2 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). Hence, user data transmission shall be done using the transparent mode [5], i.e. the resulting RLC-PUs do not contain any header fields (no additional overhead at RLC!).

The PDCP-PDUs may or may not be segmented at the RLC layer, depending on whether they match the size of the RLC-SDUs for a chosen bearer service or not. If the length of the PDCP-PDU does not equal an integer multiple of the SDU size, padding has to be performed to fill up the empty bit positions in the last SDU.

6.3 MAC-Layer:

The data transport shall be from now on done by use of a dedicated channel (DCH), which consists of a pair of dedicated traffic channel and control channel (DTCH/DCCH). The mapping of RLC-PUs containing information data onto the DTCH is done in a way such that in each transmission time interval (TTI), a fixed number N of successive RLC-PUs are passed onto the physical layer in the form of N MAC-PDUs.

Note: The information conveyed on the corresponding DCCH 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-PU!

7 Scenario2: Physical Layer Format and Bearer Service

For means of simplification, only downlink data transmission over UMTS FDD mode shall be considered (a corresponding scenario for uplink can be similarly defined). Two different bearer services shall be used in the test scenario, which correspond to either 64kbit/s or 128kbit/s of available user data rate at the interface between IP and the UMTS stack. The detailed parameters, which have been taken from [12], can be found in Table 6.1 and Table 6.2.

Table 6.1: Transport Channel Parameters for the 64kbps bearer service

Protocol Layer
Parameter
Setting

RLC
Logical channel type
DTCH


RLC mode
Transparent mode


SDU size (bit)
320


Max. data rate (bps)
64000


RLC header size (bit)
0

MAC
MAC header size (bit)
0


Mulitplexing
No


Max. number N of MAC-PDUs per TTI
8

Layer 1
TrCH type
DCH


TB size (bit)
320


TTI (ms)
40


CRC size (bit)
16


Type of channel coding
Turbo Code, R=1/3


Max. number of bits after channel encoding
8076


Number of data bits per radio frame
2100


Radio bearer
120 ksps DPCH

Table 6.2: Transport Channel Parameters for the 128kbps bearer service

Protocol Layer
Parameter
Setting

RLC
Logical channel type
DTCH


RLC mode
Transparent mode


SDU size (bit)
320


Max. data rate (bps)
128000


RLC header size (bit)
0

MAC
MAC header size (bit)
0


Mulitplexing
No


Max. number N of MAC-PDUs per TTI
16

Layer 1
TrCH type
DCH


TB size (bit)
320


TTI (ms)
40


CRC size (bit)
16


Type of channel coding
Turbo Code, R=1/3


Max. number of bits after channel encoding
16152


Number of data bits per radio frame
4320


Radio bearer
240 ksps DPCH

Figure 6.1 shows the encoding and interleaving procedure for a DTCH/DCCH pair and the 64kbit/s bearer. Hence, a maximum number of 8 information data blocks with 320 bits each are all appended with a 16 bit CRC, and then concatenated to form a new block of 2560 bits total. After channel encoding, interleaving, and rate matching [8],  radio frame segmentation is performed to split up the encoded bits onto four successive radio frames of duration 10 ms each (due to the TTI value of 40ms!). 

The respective parts of the DCCH are added, and after another interleaving procedure slot segmentation takes place, and the content of each slot is mapped onto the corresponding fields of the 120ksps radio bearer.
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Figure 6.1: Details of physical layer in case of 64kbit/s bearer

8 Scenario2: Frame Loss Statistics

If there are any residual bit errors after channel decoding at the receiver, the CRC check for each information block of 320 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.

In this test scenario, the frame loss rate p shall be assumed to take on the following values: 10-1, 10-2, 10-3, 10-4. The latter have been taken from the various QoS requirements specified for UMTS services in [13].

NOTE: It is not necessary to implement any parts of the UMTS stack mentioned above! Most of the information that has been given is just informational, so that readers which are not too familiar with UMTS can crosscheck with the respective standard documents and textbooks.

In order to be able to perform the evaluation tests for H.323 Annex I, the following data should be sufficient:

· size of the RLC-SDU: determines the number s of segments per IP packet

· TTI and number of segments N per TTI: necessary for bandwidth assignment and delay computations with respect to the used protection scheme

· Frame loss rate p: together with the number s of segments determines the loss rate at IP level

9 Performance Evaluation

9.1 PSNR measurements

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].

9.2 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 measurements 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.
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