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1 Introduction

In the previous meetings several proposals have been made in order to optimize a RAB that could carry RTP flows using RoHC [1] and properly adapts to the bandwidth variations that occur when uncompressed header transmission (RTP/UDP/IP) is required [2]. In this contribution we show an alternative solution to the need of sending uncompressed respectively intermediate headers during a VoIP call and inform RAN2 that there is a solution that does not impact the physical layer. 

2 Proposed solution   

The principal problem is illustrated in figure 1. During normal operation a flow of header compressed RTP/UDP/IP packet is transmitted. Due to block errors however, situations occur, in which transmission of uncompressed headers (also at the beginning of a call) or intermediate size headers becomes necessary, cf. packet#2 in figure1. The size of these infrequently occurring packets ranges up to 300% of the compressed packet [2].
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Figure 1: Compressed RTP flow with uncomressed or intermediate sized packet

In order to provide the bandwidth required for transmitting the larger packet various proposals have been made as usage of secondary scrambling code, RB reconfiguration, cf. [2]. 

Another option to transmit the larger packet without requiring extra bandwidth is to discard payload packets. The proposed method is illustrated in figure 1 and figure 2. The large packet #2 is not entirely transmitted in a single TTI but distributed over several TTIs, where the worst case (triple size) is shown in the example. In order to transmit packet#2, packets#3 and #4 are discarded, cf. figure2. Packet2# is transmitted in three subpackets (2a, 2b, 2c) making use of the TTIs that were reserved for packets 3 and 4. Note, that RoHC is robust against isolated packet losses and context updates get necessary only after a number of consecutive packets get lost, i.e. more than 63, cf. [3]. Therefore it is proposed to consider the proposed method as a valid solution that does not require extra bandwidth or physical layer manipulation.
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Figure 2: Discarded compressed packets in favour for the uncompressed/intermediate

For the case that intermediate sized packets have to be transmitted in order to update the RoHC context, it could also be possible to predict parts of the uncompressed header and transmit the sequence that is shown in figure 3. Note that this assumes that the header of packet#4 is predictable, which depends on the RoHC configuration and is FFS. So instead of sending an uncompressed packet#2, cf. figure 2, packet#4 is sent uncompressed, cf. figure 3. The predicted header of packt#4 is sent in TTIs reserved for packets #2 and #3, the payload of packet#4 is sent in its dedicated TTI.
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Figure 3: Discarded compressed packets with header prediction for packet 4

The new functionality could be carried out by the PDCP or RoHC entity. It basically assures that if lager size packets are transmitted, jitter is avoided by discarding compressed packets, which for the VoIP case could be two in the worst case. 

Similar functionality could also be performed at RLC level, where in dependence on the input buffer occupancy SDUs get discarded. 

3 Summary 

In this contribution we show a method that allows VoIP transmission with a constant bandwidth, e.g. 16 kbps for AMR 12.2 [2]. The problem of variable header sizes introduced by different header compression states is resolved by taking advantage of the robustness of RoHC.

4 Proposal

We propose that RAN2 considers the method introduced as an alternative for VoIP transmission that does not require physical layer manipulation and includes the proposal into [2].
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