
1 RTP Packet Loss Simulator
An internal SA4 tool called “SA4 Simulator for Packet-Switched Services” [1] was used to map RLC-PDU error traces [2] to RTP packet losses. A block diagram of the this software is shown in Figure 1.
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Figure 1 RTP Packet Loss Simulator. Link level behaviour is captured in error traces and mapped to RTP packets
The audio codecs generate RTP packets along with two additional fields as shown in Figure 2. These RTP packets are mapped onto RLC-PDU error patterns assuming non-synchronized mapping (i.e. RTP packets are simply concatenated and mapped onto fixed-length PDUs) and determine which RTP packets are corrupted. One PDU error corrupts an entire RTP packet. If multiple PDUs are required to transmit one RTP packet, a logical "OR" operator is applied to the loss patterns of all these PDUs and then mapped to the RTP packet. In addition, when a PDU spans more than one RTP packet, it’s loss pattern is mapped to all such RTP packets. 

[image: image2]
Figure 2. Audio codec interface to the packet loss simulator. In addition to the RTP packet, two additional header fields are generated by the codecs. Packet size: size of the RTP packet including payload and header. Time stamp: time (in ms) at which the packet is transmitted or received
RLC-PDU error traces masks are generated [pls describe the approach QCOM took, perhaps with references to RAN specifications].
It was assumed that the PDU sizes were [pls fill in details for all conditions].
The PDU loss rate of x translates approximately to SDU loss rate of 2x when audio codecs generate packets close to the PDU size. It is possible to log the exact SDU loss rate for each condition, but this was not done. (Is this true? Is it possible to get this information now?)
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