
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. In the simulator, the RTP packets are mapped onto RLC-PDUs assuming non-synchronized mapping (i.e., RTP packets are simply concatenated and mapped onto fixed-length PDUs). The error masks are used to determine which RTP packets are corrupted. One PDU error results in all RTP packets which are partially or completely mapped to the lost PDU, to be discarded. 
[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 for UTRAN were generated using the following parameters
· RLC-PDU loss rates: 1% & 5% 

· Bearer bitrates: 32 & 64 kbps 

· Geometry: -3dB 

· Selective combining with two radio links 

· Slot formats: 8 for 32 kbps and 10 for 64 kbps (see [2] for details) 

· Channel model: Vehicular-A, 3 km/hr 

· TTI: 80 ms 

It was assumed that the PDU sizes were 320 and 640 bytes for 32 and 64 kbps bearers respectively.
A PDU loss rate of x translates approximately to SDU loss rate of 2x when audio codecs generate packets close to the PDU size.
 
Simalr information for GERAN required from Ericsson. 
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�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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