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1. Introduction
This contribution proposes a network simulator for introducing packet losses on 3GPP networks for RTP/UDP/IP bitstreams. It is based on the network simulator proposed in S4-AHVIC036[1].
2. Simulator enhancements
The simulator in S4-AHVIC036 does not support ability to handle multiple PDUs at the physical layer. Also it is not applicable for HSDPA/EUL channels. The S4-AHVIC036 simulator has been modified to support both these features.
2.1. Multiple PDU support

For the simulator in S4-AHVIC036 only one PDU size needed to be specified. All RTP packets were broken up into these equal size PDUs. In EBR mode of operation a video encoder generates RTP packets corresponding to one of several fixed available PDU sizes [2]. Hence a RTP packet is completely contained in a single PDU. To enable this mode of operation all possible PDU sizes need to be specified 

When multiple PDU sizes are specified, each RTP packet is expected to be transmitted in a single PDU. One mask is read for each RTP packet and the smallest PDU that can contain the entire RTP packet is considered over the physical layer. 
The above feature has been agreed in SA4 [3] and [4]. In the current contribution, support for multiple PDUs is integrated in [1] as a compile time option, in response to comments received during the video adhoc.
2.2. Shared channel support

Let us consider the RTP packet streams at the sender and receiver who are communicating over shared channels, such as HDDPA/EUL. Unlike dedicated channels, the delay experienced by different RTP packets in a shared channel will typically be different. This (delay) jitter will be influenced by the load of the system, types of traffic, QoS, etc. Hence, in order to model shared channels such as HSDPA/EUL only specifying an error mask which corresponds to link layer packet losses is not sufficient. In these channels, scheduler and transmission delay also need to be considered in addition to link layer errors. This information can be easily incorporated into the network simulator and enable it to simulate shared channels. 
[image: image1]
Figure 1. Network simulator packet. In addition to the RTP packet, two addition header fields are required by the network simulator. Packet size: size of the RTP packet (payload + header). Time stamp: time at which the packet  is transmitted/received.
The different fields in a packet used by the network simulator are shown in Figure 1. In addition to the RTP packet, two addition header fields are required by the network simulator. Packet size: size of the RTP packet (payload + header). Time stamp: time at which the packet is transmitted/received. Example RTP streams are shown in Figure 2 and 3. Figure 2 shows the RTP stream at the source and Figure 3 shows the same RTP stream at the receiver, when communicated over a shared channel. Notice that the time stamp of the received packets is different from those of the transmitted packets. Also notice that each of the packets have different channel delays.  This difference in timestamp corresponds to the delay introduced in the shared channel due to scheduler and transmission delay. A delay profile corresponding to these conditions is shown in Table 1.
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Figure 2: RTP packets at the sender. The RTP packets are shown with two addition header fields required by the network simulator. Packet size: size of the RTP packet (payload + header). Time stamp: time at which the packet can be transmitted.

[image: image3]
Figure 3: RTP packets at the receiver. The time stamp field now corresponds to the time at which the packet was received. This has been modified from the transmission time to include the packet (scheduler + transmission) delay.
	Error mask
	Delay (ms)

	0
	120

	0
	200

	0
	140

	0
	200

	0
	180

	1
	-

	0
	220

	0
	150

	0
	260


Table 1: Delay profile contains one bit (error mask) indicating reception success and a delay value (in ms) indicating the total delay experienced by the packet.
The proposed network simulator uses this delay profile to (i) drop RTP packet if the corresponding error mask is 1 (ii) modify the timestamp of the successfully transmitted packets to include the total delay experienced by the packet. This extension is proposed to support VoIMS work [5].
3. Conclusions and Recommendation
This contribution presented a network simulator characterizing video codecs in 3GPP services. Modifications were made to S4-AHVIC036 network simulator to enable the use of the simulator for (i) channels that support multiple PDU sizes and (ii) shared channels were presented. 

It is recommended to adopt this network simulator for evaluating video codecs over 3GPP packet networks.
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Appendix A

The network software simulator along with modifications is included in the attached zip file MobileIP_modified_shared_channel.
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