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1 Introduction

In this paper we discuss the important parts of the expected D2D voice service that will affect traffic characteristics. The information presented here should be used as input in RAN1 discussions on physical channel design.
2 Discussion
The service expected to be most important for D2D communication in Rel-12 is push-to-talk, i.e. a half-duplex voice service comprising short bursts of speech. Important parts of a voice over IP service are:

-
transport protocols (IP/RTP/UDP), 

-
(possibly) header compression, 

-
voice codec, 

-
session setup to ensure that end points know what codec to look for

-
security, i.e. end to end encryption

There are also requirements on the service, such as end-to-end latency, setup times, capacity, etc. These different parts are discussed in more detail below to demonstrate what traffic characteristics to expect and, hence, requirements on L2 and L1. 
2.1 The protocols and header compression

Voice over IP relies on protocols for primarily addressing and timing. The protocols are IP, UDP and RTP. The size of the total protocol header is about 40 bytes with IPv4 and 60 bytes with IPv6. This can be compared to the payload of a common codec for mobile communication, e.g. AMR 12.2, which is 33 bytes. Hence, header compression, or more precisely RObust Header Compression (ROHC), is very important to reduce protocol overhead for voice over IP communication, i.e. VoLTE. This since the header size can be reduced from 40 (IPv4) or 60 (IPv6) bytes to 3 bytes resulting in a significant reduction of (average) bit rate, and thereby significantly higher system capacity.

2.1.1 ROHC with feedback
The ROHC framework defines 3 operational modes, namely unidirectional, bidirectional optimistic and bidirectional reliable (r-mode). The bi-directional optimistic (o-mode) is the most efficient while the unidirectional mode (u-mode) is the least efficient. For VoLTE, ROHC may use the bidirectional optimistic mode during parts of the conversation. In this mode there is a feedback channel over which the decompressor may send feedback to the compressor. If this feedback is positive, i.e. the decompressor has sufficient information to decompress a packet using only dynamic fields, the compressor will switch to a higher state of compression.

Observation 1 ROHC provides an efficient method to increase capacity for voice over IP, e.g. VoLTE, communication.
Compression with ROHC must start in the u-mode, see Figure 1. Transition to any of the bidirectional modes can occur as soon as a packet has reached the decompressor and it has replied with a feedback packet indicating that a mode transition is desired.
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Figure 1. Illustration of ROHC operation modes (U, O, R), transition modes and the use of feedback (with small error). [1]
2.1.2 ROHC without feedback
In the scenario being discussed for D2D Communication, there is a broadcast transmission without feedback. Hence, the only ROHC mode that can be used is the unidirectional mode or u-mode.
In the u-mode (see left part of Figure 1), ROHC packets are sent, in one direction only, from the compressor to the decompressor. There are no feedback packets in the opposite direction. In the u-mode, the transitions between the compressor’s states are performed when periodic timeouts expire or due to irregularities in the header field that change patterns in the compressed packet stream. 
Compression to higher states (FO and SO) are carried out when the compressor is fairly confident that the decompressor has enough information to correctly decompress such packets, e.g. the compressor stays in IR state (full headers) until it assumes that the decompressor has received the static context information.

The compressor must periodically transit to lower compressions states to ensure that the decompressor has sufficient information for decompression. Transitions to IR state should be carried out less often than transitions to FO state (see example in Figure 1).

Due to the periodic refreshes that update the context in the decompressor, and the lack of feedback for initiation of error recovery, the compression in the u-mode will be less efficient due to the higher probability of loss propagation, when compared to the bidirectional modes, see Figure 1. Further, a user can only enter a conversation together with the reception of full headers, which means that there may be a reason to send full headers often to reduce “setup” latency for affected individual users.
ROHC is not the only option. Another method to reduce the overhead of IP-headers is to bundle a number of voice frames with each IP header. An advantage from this is that the bit rate will be constant. An important disadvantage is that bundling increases latency since the transmitted needs to wait for a number of voice frames before transmitting. Further, loss of one IP packet may affect voice quality more since all voice frames in the packet would be lost. Note that RAN2 has agreed to use ROHC for D2D communication 
Observation 2 ROHC unidirectional mode is not as efficient as the bidirectional modes in terms of compression and resulting average bitrate.

Observation 3 Users can only enter a conversation when receiving full headers.
2.2 Security
For D2D communication end-to-end encryption is needed for Public Safety organizations. Assuming that RTP is used for media transport, it is natural to use the RTP security profile, SRTP, for security. Since SRTP does not encrypt RTP/UDP/IP headers, ROHC header compression can be used with a resulting compressed header size as for ordinary RTP; hence the use of SRTP does not affect the traffic characteristics.  However, it is likely that the application needs an integrity check, which adds 32 to 64 bits to each IP packet.
Proposal 1 Use ROHC for D2D communication since ROHC supports compression of SRTP and therefore provides both efficient transport and end-to-end encryption.
2.3 Speech codecs
There is no explicit requirement on speech codec for D2D; speech quality has to be good. VoLTE is based on the AMR codec. AMR is a constant bite rate codec (with different possible codec rates). There are also variable bit rate codecs. If it were possible to align ROHC header size variations with different  rates of VBR codecs, use of VBR would be good for D2D communication. However, this alignment seems highly unlikely, so for the time being it makes sense to use a suitable codec rate of the AMR codec. There is a trade-off between speech quality and payload. 
Proposal 2 Use the AMR codec for D2D communication.
2.4 Session setup
One benefit of using voice over IP is that the choice of codec is not fixed. It is quite easy to change codec since this basically just results in a different payload in the IP packet. In order for this to work it is necessary to signal to the end points what codec is being used. This is done during session setup. In VoLTE, session setup is commonly handled with SIP. SIP is a fairly chatty protocol and provides much more features than what is needed for D2D broadcast communication. Further, use of SIP becomes very complicated in a broadcast scenario. Hence, we propose that the session initiation information needed for D2D communication is part of the pre-configuration. In more detail, this means that the pre-configuration of D2D UEs includes information on, among others, what codec to use. As discussed in other papers [3]
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[4] ProSe enabled UEs in coverage are configured with RRC while UEs out of coverage need to be pre-configured. The exact method for pre-configuration depends on the scenario.
Proposal 3 Necessary information for session initiation for D2D communication is included in the (pre-)configuration of ProSe enable UEs.
2.5 Traffic characteristics
The resulting bit rate during a communication session will vary. This since ROHC will alternate between compressed and full headers, i.e. 3 bytes and 60 bytes. The ratio of full to compressed headers depends on settings of the timers that control ROHC. There is a trade-off between compression efficiency (i.e. average bitrate), ROHC robustness, latency for users to join a session since a user can only enter a conversation when receiving full headers (in order for the compressor to be able to correctly decode the information).  With large periodicity between full headers, the latency to join a conversation becomes larger. Also, with large intervals between full headers the risk of errors at decompression increases. However, a large interval between full headers results in a low average bit rate.
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Figure 2. Example showing size of MAC PDU needed to handle packets with traffic characteristics described. AMR 7.4, no segmentation.
The Figure 2 shows how the periodicity of full headers affects the need for transport PDU size. For example, if 10 headers are sent every second the average size of a MAC PDU needs to be between 350 and 400 bits; the larger MAC PDU for shorter voice call lengths.
Observation 4 Based on reasonable assumption, the average MAC PDU size will be about 350-400 bits.

Observation 5 The MAC PDU will have varying size depending on the header segmentation strategy
2.6 RLC functions.

The resulting varying traffic bit rate together with the expected low adaptability of the D2D link, means that RLC needs to be able segment packets. We believe that the latency increase due to possible header segmentation is acceptable. We also observe that L1 must be able to support dynamically changing MAC PDU sizes in order to enable efficient header transmission.
Proposal 4 RLC segmentation is important for D2D communication to handle bit rate variations caused by ROHC.
3 Conclusion

In this paper we discuss expected service characteristics of D2D communication services.
In section 2 we made the following observations:
Observation 1
ROHC provides an efficient method to increase capacity for VoLTE communication.
Observation 2
ROHC unidirectional mode is not as efficient as the bidirectional modes.
Observation 3
Users can only enter a conversation when receiving full headers.
Observation 4
Based on reasonable assumption, the average MAC PDU size will be about 350-400 bits.
Observation 5
The VoIP MAC PDU may have varying size depending on the header segmentation strategy


Based on the discussion in section 2 we propose the following:
Proposal 1
Use ROHC for D2D communication since ROHC supports compression of SRTP and therefore provides both efficient transport and end-to-end encryption.
Proposal 2
Use the AMR codec for D2D communication.
Proposal 3
Necessary information for session initiation for D2D communication is included in the (pre-)configuration of ProSe enable UEs.
Proposal 4
RLC segmentation is important for D2D communication to handle bit rate variations caused by ROHC.
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