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1 Introduction 

Contribution [1] presents a solution for rate adaptation. This contribution presents some simulations test results of the scheduling mode. 

The rate adaptation was implemented and tested with a RTSP/RTP client and server. 

We first present some results for a stepwise rate variation model. We then present test results over an EGPRS network. The stepwise rate variations are intended to illustrate the basic properties of the shift parameters. The EGPRS tests then show how the rate adaptation would work in a real-life environment.

2 Stepwise simulations

2.1 Rate variations model

The set of simulations that will follow in this section show the plots under a constant bitrate channel (40 kbps) with 2 periods of handovers (HO) where the rate drops to 0 kbps (one at sec 15 of duration 8 sec, and the other at sec 31 of duration 6 sec). The rate variations are shown in figure 1. A stepwise behaviour for throughput variations is useful to understand the case where the network tries to deliver a guaranteed bitrate to a streaming flow with periods of interruption because of handovers. In reality the throughput variation could be slightly different from an ON/OFF model, but this help the basic properties of the scheduling mode.

These stepwise rate variations are obtained by constraining the transmission rate at the server side during successive period of times (i.e. 40kbps or 0 kbps). The reception rate will thus obviously be equal to the transmission rate at any time or in other words the transmission curve equals the reception curve. In reality, the server would of course have to adapt its transmission to the reception curve (as shown in the EGPRS test results).
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Figure 1
2.2 Non adaptive server

We first model what could happen when no shift parameters signalling is used. The sender is sending a video bitstream whose average bitrate is 40 kbps (as the simulated link bitrate).

The plot in Figure 2 shows the transmission curve (T) and the playout curve (P curve). The reception curve (R) is assumed to be identical to the transmission curve (as explained above). The graph is plotted over a 60 sec time duration only. 

It is assumed that the receiver chooses 10 sec of initial buffering (for protection against jitter, handovers, possible retransmissions, ...). 

During the period of handovers, the sender does not send any data. Since no minimum shift parameter has been given to the sender, after a handover the sender does not adapt its sampling curve to the transmission curve, i.e. does not try to reduce its rate in order to avoid a receiver buffer underflow.

As it can be seen, the initial buffering delay allowed the receiver to go through the first handover without buffer underflow. However, after the first handover, the receiver has only very little buffer protection left (the curves T and P are very close each other after the end of the 1st handover). At the next handover, the receiver underflows (the playout curve reaches the transmission curve at the beginning of the 2nd handover). 

At that point, the receiver needs to rebuffer. It is assumed on the plot that the receiver rebuffers for a duration equal to the initial buffer delay.

Note that as can be seen on the graph, the “end-to-end” delay (as defined by the difference between the packet timestamp and the packet playout) increases because of the rebuffering. As more handovers keeps occurring, the delay would keep increasing.

Such rebuffering events are annoying for the user, it is shown in the following sections how the shift parameters can be used to prevent underflow.
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Figure 2
2.3 Use of the minimum shift

As explained in [1], when using the shift parameters, the receiver should allocate its buffer in the following way: It allocates some duration for the short term “inter-packet” jitter and some buffer duration for the transmission rate variation (in this simulation case the periods of interruptions).

We assume that the receiver chooses an initial buffer delay of 10 seconds with 2 seconds allocated for the inter-packet jitter and 8 seconds allocated for the transmission rate variations. The receiver thus signals at the beginning of the session a shift of –8 seconds.

The sender uses the same 40 kbps bitstream as in the previous example. The plot with the use of the minimum shift is shown in figure 3. Again, the sender stops transmitting during the handover (as can be seen from the flat transmission curve).

Before the handover, the shift was close to zero (as can be seen from the transmission curve and the reception curve that are very close to each over since the transmission rate is a constant rate of 40k and the bitstream has an average of 40 k). After the handover, the transmission time has of course advanced (by the duration of the handover). However, no packets were sent during the handover so the sampling time of the packet that should be sent after the handover has not advanced. The shift as this instant has such reach a low (negative) value.

In order to adapt after the handover and not go below the minimum shift as this would imply buffer underflow at the receiver, the sender switches down to a lower bitstream (20k in this example) as soon as it reaches an I-frame in the bitstream. Note that the use of the shift parameters does not imply that the sender use bitrate switching. Any scalability feature could be used by the server.

Switching to a lower bitstream allowed the sender not to underflow when the second handover happened. As opposed to the previous simulation of the non-adaptive sender, it was traded a sampling rate reduction instead of an underflow. Avoiding an underflow is arguably better.

After the second handover, the sampling curve reaches the transmission curve which implies that the shift is zero. The client has thus rebuilt at that point its protection for throughput variation. The server can thus switch up again to the 40k stream. 
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Figure 3

2.4 Use of minimum and target shift signalling

As explained in [1], the needed protection against transmission rate variation over a wireless network can be substantial (throughput variation because of network load, radio conditions, several seconds of interruption because of handovers, possible extra buffering to perform retransmission). In order to minimise the setup delay (that could include setting up a new PDP context and RTSP signalling in addition to the initial buffering), the client may choose an initial buffering for rate variations (i.e. in the absolute sense, lower minimum shift) that is less than the required buffering it has determined would be satisfactory. For this reason, a second shift parameter called the target shift can optionally be given to the sender 

The target shift indication should be used by scalable servers. The target shift can be taken into account by the server in order to determine its optimum output bitstream. The client should not expect any speed at which the target could be reached. The target also integrates well with the use of RTP retransmission. When it is below the target, the sender could choose to retransmit only what it thinks are important packets. When it is above the target, the sender may retransmit all the missing packets.

The simulation given in this section aims at illustrating how the target works. In this case the target is reached by sending at an initial rate of 20k. In real-life, this rate would probably be too low (depending on the content). Nevertheless, the plot (figure 4) gives an idea of how the target shift works.

In this example, instead of signalling only a –8 sec minimum shift, the client signals a –2 sec minimum shift and a target shift of 6 sec. When the target is reached, the receiver will have a buffer protection of 8 seconds. 
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Figure 4 

2.5 Modification of the target shift during a session

Modifying the target value allows the receiver to increase its buffer protection at any time without having to stop playout. This is illustrated in Figure 5 where after the first handover, the receiver requests the sender to increase its target shift to 10 sec (from the original value of 6 sec).

In this example it is assumed that there is a first handover at time 15 sec of duration 8 sec, followed by a second handover at time 38 sec of duration 6 sec. It can be seen that the target shift of 10 seconds was achieved before the second handover. This guarantees a high buffer level (in time) in the receiver.
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Figure 5

3 EGPRS simulations

The rate adaptation scheme was tested over an EGPRS emulator. The emulator is a complete implementation of EGPRS. Only the radio conditions are simulated. The results should thus be very close to what would be observed in real-life. Two timeslots MCS-7 were allocated (89.6 kbps). There are throughput variations because of varying channel conditions (RLC retransmissions) and handovers. The simulation length was 180 sec, of which only the first 110 sec are shown in Figure 6. During this time 3 handovers occur.

As opposed to the previous stepwise simulations where the transmission curve was assumed equal to the reception curve, the sender now has to estimate the reception curve and based on this operate its transmission curve control.

The transmission curve control is based on the number of bytes that are estimated in transit on the network. This number of bytes is derived from the highest received sequence number reported in the receiver RTCP reports. Depending on this number of bytes the sender adapts its transmission rate. In addition, if the sender does not receive RTCP reports after a timeout value, it will assume that there is no radio connection and will start transmitting again only after a new RTCP report is received. In this test case, the RTCP interval was set to one second and the timeout before stopping transmission was set to 3 seconds.

The plot in Figure 6 shows the sampling curve, transmission curve, reception curve and playout curve. The parameters for the minimum shift and the target shift were respectively –2s and +6s. The maximum number of bytes for protection against buffer overflow was set to 60000 bytes.
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Figure 6

We can notice the following sequence of events:

· At about time 7 seconds, the target is achieved and the sender switches up

· At about time 20 seconds, the maximum number of bytes is achieved. The sender should slow down its transmission rate in order not to overflow the receiver buffer

· At about time 35 seconds, there is a short handover. However, since the receiver buffer is at a high level, there was no need to change the sampling rate.

· At time 67 seconds after a second handover, the server needs to switch down in order to avoid buffer underflow at the next handover

· There was a third handover at time about 82 seconds. Because the server had switched down after the second handover, the third handover did not cause any overflow

· At time 94, the server switched up again as it achieved the target shift value.

4 Conclusion and recommendation

This document illustrates through some simple stepwise rate variation how the scheduling mode for rate adaptation describes in [1] works. In addition, the scheduling mode is validated through some EGPRS test results.
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