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1. Introduction

This document introduces the problem of media flow continuity during handover within a particular network or across different networks. In order to guarantee pause-less and error free media playback during a PSS session in presence of handovers, a robust solution based on standard RTSP is discussed.

2. Background and rationale

Handovers are caused by the user mobility over a certain area covered by different cells. When moving from one cell to another within the same network, certain system operations must be done in order to enable continuity of service in the new cell. However, handovers produce little breaks in service continuity. A handover can be thought as a small blackout period at the application layer. Therefore, if a continuous data flow (such as continuous media of a PSS session) starts in a cell and wants to continue into another cell, it will experience a blackout period during which data is lost.

Handovers are of different complexity. Intra-system handovers are those occurring within a certain network ( for example GPRS) of the same or different operators (roaming). Inter-system handovers are those occurring across different networks (GPRS, UTRAN, GERAN, WLAN, …) of the same or different operators. The latter are more complex to handle as different environments and protocol stacks are involved in the communication.

From PSS point of view, a handover produces an interruption of service for the duration of the handover procedure. For instance, a video stream will freeze on the last received frame and will restart upon reception of the next (future) frame producing a jump in the temporal sequence and severe prediction errors. An audio sequence will experience an audible gap of the duration of the handover. The results on the user experience are certainly unwanted (think about a short PSS session with the latest flash news).

It must be pointed out that a network can experience handovers also across different releases (for example with handovers from UTRAN R5 to UTRAN R99, or from GERAN R99 to GPRS R97). So, this requires a streaming application to be designed in such way that it can cope robustly with the worst case situations.

3. Example of handovers: the GPRS case

This section goes deep into the anatomy of handovers for GPRS networks (also called Cell Reselections (CRs)) as seen at the application layer.

A GPRS cell reselection (CR) can be divided in three parts (see Figure 1):

A) Pre-CR period

B) CR period

C) Post-CR period

In period A the cell quality is reduced and the phone starts the cell reselection signaling. Some packets might be lost due to the low quality cell. Because the quality of the cell is getting lower, more packets are lost at the end of period A. Possible errors before that are due to the lossy nature of Reliability Class 4. Using a more reliable Reliability Class (for example RC3), produces nearly no packet losses before and after the period B. This is not shown in the figure. In period B the media flow is stopped and cell reselection is on going. The length of B is variable and its maximum is around 10 seconds. In period C the packet flow is started in the new cell. Some packets might be lost at the beginning of the period.
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Figure 1: Packet losses during Cell Reselection in GPRS

The buffering scenario of a PSS session under CR is shown in Figure 2. After CR, the buffer contains a temporal gap and severe prediction errors occur if the first received video frame after the B period is not an I frame. In addition, the buffer is emptier than before the CR and it must be refilled up to the normal level (otherwise another near term CR would produce a buffer underflow).
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Figure 2: Buffering under CR event

4. Robust handover management

In order to avoid situations as described in Figure 2 there is the need to smooth out the handover effect from the playback of a streaming session. This section introduces a robust method that makes use of standard RTSP messages and can be separated into two independent parts:

1) Handover message: After the handover period is over (beginning of period C) the PSS client sends a message to the PSS server containing the time of the last received media unit. This information can be delivered using the RTSP PAUSE/PLAY messages. Although a Pause message is sent, it is not needed to pause the actual playback in the PSS client, unless the buffer gets empty. Pause is needed to the server to know that the Play message is for an old (existing) stream, not for a new stream.

2) Enhanced buffer filling: To fill the buffer without pausing the playback, the PSS client asks the PSS server to switch into a lower bit rate sequence and speed up the sending bit rate to reach the original network bit rate. This information can be delivered using an RTSP PLAY command. The same Play command described in 1) can be used here, but two fields are needed: Bandwidth and Speed.
The first part can be implemented in all the cases. The second part requires that the server is able to make bit stream switching during the streaming session and it understands the required fields.

4.1   Handover message
After the handover, when the media flow starts again (period C), the PSS client sends a PAUSE message to the PSS server to inform that some changes are needed. Playback of the media is not paused unless the buffer gets empty. The packets that the server was able to send before pausing are ignored. Then the PSS client sends a PLAY message to tell the PSS server the time of the last received media unit. Therefore, the server re-PLAYs the part of the stream that was lost during handover (Figure 4) plus the rest of the stream.

The handover message is sent when the blackout period is over (Period C) because in that period the packet loss rate is very low (good cell quality). This means that there is a high probability that the message will reach the destination (server) without the need to be retransmitted by TCP (increased reliability).

Examples of such Pause and Play messages (last correctly received media unit was at second 28.00):

PAUSE rtsp://example.com/foo RTSP/1.0

CSeq: 6

Session: 354832

PLAY rtsp://example.com/foo RTSP/1.0

CSeq: 7

Session: 354832

Range: npt=28.00-
4.2   Enhanced buffer filling

The enhanced buffer filling is pause-less. The PSS server switches into a lower bit rate stream, but uses the same sending bit rate. Speeding up the bit rate causes more data to be written in the buffer than read out from the buffer. When the PSS client wants to fast fill the buffer in period C, it adds two RTSP fields in the first PLAY message, which is sent to server (Figure 3). The Play messages described in this section replace the use of the Play messages described in the previous section, if enhanced buffer filling is adopted.


Figure 3: Enhanced buffer filling

Example of such Play message:

PLAY rtsp://example.com/foo RTSP/1.0

CSeq: 7

Session: 354832

Range: npt=28.00-40.00

Speed: 1.5

Bandwidth: 20000

The message fields Bandwidth and Speed tell the server to switch into a lower bit rate stream and speed up the sending. (E.g. if the current media is sent at the bit rate of 30 kbps and the server switches into a stream with bit rate of 20 kbps, the sending is speeded up 1.5 times to reach the original network bit rate of 30 kbps). The original stream bit rate is supposed to be close to the network bit rate. 

The bandwidth information of the sequence can be sent to the server also by other means than the RTSP Bandwidth field (e.g., a PSS client can request a specific stream encoded at a known bit rate). In this case the Bandwidth field may not be used, but the Speed and Range fields must be recomputed accordingly to the actual known sequence bit rate. This requires that PSS client knows all the different stream bandwidth options that server has at its disposal. These options can be sent to the PSS client in content description (via SDP) at the beginning of session.

The Range field in the PLAY message contains a closed interval made of two numbers:

· Starting time of the high speed stream.

·  Ending time of the high speed stream (or Sequence Change Time to original speed). This time can be easily calculated by the PSS client.

The computation of the ending time allows to avoid buffer overflows caused by possible loss of the second Pause-Play messages (see below). In fact, the objective is to refill the buffer at high speed with an amount of data equal to the empty part of the buffer, but no more than that.

After the buffer has been refilled with a high speed fraction of the lower bit rate stream, it is possible to switch back to the original bit rate stream at normal speed. This operation is pause-less and it is done with PAUSE/PLAY messages (only PLAY is shown here):
PLAY rtsp://example.com/foo RTSP/1.0

CSeq: 67

Session: 354832

Range: npt=40.00-

Bandwidth: 30000

Speed: 1.0

4.3   Variants and flexibility
The sending of the PAUSE message at second 40 may be skipped, because the previous PLAY message was made with a closed Range field (the presentation is automatically paused). This would save one message sending time.

The Pause message described in section 4.1 can also be sent before handover (CR period), upon reception of a handover initiation message from a lower layer interface. The associated PLAY message can be sent after the PAUSE (but before the CR period), or after the CR period. In the first case, the PLAY message must contain an estimated "PLAY time" that must be included in the Range field with Time="time of scheduled playback". For example:

PLAY rtsp://example.com/foo RTSP/1.0

CSeq: 7

Session: 354832

Range: npt=28.00-40.00; time=19970123T153600Z

Bandwidth: 20000

Speed: 1.5

The following figure shows 3 possible cases of message sending:


Figure 4: Message sending methods
4.4   Bandwidth adaptation during enhanced buffer filling
It is possible that the network bandwidth changes during the enhanced buffer filling period. If the PSS client supports bandwidth adaptation (bit stream switching), it should pause the buffer filling (with RTSP Pause message) before sending the bandwidth adaptation message (i.e. executing a bit stream switch). After the bandwidth adaptation procedure is over, the PSS client can start the enhanced buffer filling again and recalculate the needed Bandwidth, Speed and Range values.

4.5   Triggers for robust handover management procedure
The robust handover management procedure is triggered by a handover (or cell reselection) event occurred in the mobile client. The event can be detected using two ways:

· An asynchronous message received from an API offered by the lower layers of the protocol stack.

· By monitoring the buffer level. In this case, if the buffer does not receive data for a certain amount X of time (X can be defined as a constant value by the implementation, and it is a threshold for the client to understand that the handover event has occurred), and afterwards it starts to receive data after a certain variable amount Y of time (Y > X, Y is the real duration of the handover period), then the client can trigger the procedure for robust handover.

5. Proposal

It is proposed to consider for PSS Rel. 6 specifications the robust handover management procedure described in this document, which is based on standard RTSP and it is of straightforward implementation. 
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