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1
Introduction
This document investigates the requirements of ProSe device-to-device (D2D) communications to support voice services and the subsequent impact upon D2D communications control and data channel design.
2
Discussion
The priority of D2D communication work within RAN1 has been agreed by RAN plenary and it is stated in the RAN1#75 draft agenda [1] that RAN1 should:
"Focus on broadcast D2D communication for the public safety use case...".
Thus the initial applications targeted for ProSe device-to-device (D2D) communications are those based upon broadcast voice services.  There have been some recent decisions on D2D communication made at RAN2#83bis which impact the packet size that is used for voice transmission.  The RAN2 agreements have been captured in a text proposal to TR36.843 as follows [2]:
"PDCP:

· 1: M D2D broadcast communication data (i.e. IP packets) should be handled as the normal user-plane data.
· Header-compression/decompression in PDCP is applicable for 1: M D2D broadcast communication.
· U-Mode is used for header compression in PDCP for D2D broadcast operation for public safety
· Security support will be addressed based on input by SA3

RLC: 

· RLC UM is used for 1:M D2D broadcast communication

·  So far no need has been identified for RLC AM or TM for D2D communication for user plane data transmission
MAC:

· No HARQ feedback is assumed for 1: M D2D broadcast communication".
The NTIA recently ran a test comparing the intelligibility of AMR with analogue and P25 in various emergency response environments.  They compared the AMR voice codec at the 12.2 and 7.4 kbps rates.  The summary conclusion is that AMR12.2 intelligibility is always above or the same as P25 intelligibility whilst AMR7.4 intelligibility can be above, the same as or below that of P25 depending upon the environment [3].  As a consequence of these results, ProSe D2D voice communications should be principally designed around support of the AMR 12.2kbps voice codec.  Note that the raw codec data rate is 4.567kbps for TETRA and 4.4kbps for P25 and both are encoded to 7.2kbps for transmission.
Given these observations it is possible to calculate the maximum packet size that is required for voice transmissions.  Furthermore, by comparing the link budgets for D2D voice communications with that of TETRA then important design decisions for the D2D communications control and data channel can be derived.  
3
Voice channel link budget
Whilst header compression and PDCP has been agreed in RAN2 [2], the link budget for voice communications needs to reflect the worst-case scenario, i.e. that of an uncompressed initialisation and refresh state (IR) packet [4].  In this case the size of a PDCP PDU is calculated in Annex A as 564 bits.  This could form a single transport block of 620 bits once RLC and MAC headers have been considered or be segmented into multiple smaller transport blocks with an increase in header overhead.  Whilst decreasing the transport block size potentially increases the coding gain and hence reduces the SNR requirement, it is also noted that as all constituent transport blocks need to be decoded successfully in order to decode the PDCP PDU, increasing the number of transport blocks also leads to significantly reduced BLER targets for any single transport block.  Thus segmentation into two transport blocks is considered the feasible maximum.  Given that when in the second order state (SO), i.e. full compression, a transport block size of 328 bits is required, a sensible choice for the IR PDU is two transport blocks.  Thus, two transport blocks of approximately 338 bits are required to be transmitted with a combined BLER target that typically does not exceed 1%, requiring the individual transport blocks have a BLER of 0.5%.
By comparison with the TETRA mobile station sensitivity in dynamic conditions of -103dBm [5], it is possible to derive requirements for SNR and number of physical resource blocks as shown below (note that potential differences in transmit power and frequency of operation between TETRA and D2D communications are disregarded for the sake of comparison):
10×log10(180000×#PRBs) -174 + 9 (UE noise figure) + SNR ≤ -103dBm

i.e.

10×log10(#PRBs) + SNR ≤ 9.4dB 

Rearranging the above equation shows that for an LTE D2D sensitivity that is equal to or better than TETRA, the required transport channel SNR should be less than or equal to 9.4dB or 6.4dB for one or two physical resource block allocations respectively.  

By comparison with the LTE UL link-level results provided in Annex B for dynamic channel conditions, and including an additional 1.5dB implementation margin, it can be seen that using 1 physical resource block and TTI bundling requires 11dB SNR without frequency hopping and 6.5dB SNR with type II intra and inter subframe frequency hopping.  In the case of 2 physical resource blocks then with frequency hopping the required SNR is 5.6dB on the fourth transmission and 5.9dB on the second transmission when type II intra and inter subframe frequency hopping is employed.
Observation 1:  In order to achieve comparable voice performance with TETRA then a combination of the following physical layer techniques are required for D2D communications:

· TTI bundling or (blind) HARQ

· Intra and inter-subframe frequency hopping

4
Implications for D2D control and data channel design

The above analysis has provided an insight into the required operation of D2D communications in order to support voice services at a comparable level to that of existing public safety standards.  These insights have some implications upon the design of D2D communications control and data channels as outlined in this section.
With regards the data channel, for the purposes of supporting voice services at a comparable level to that of existing public safety standards then it is necessary to support either TTI bundling or (blind) HARQ as well as maximising diversity through the use of frequency hopping.
Proposal 1:  D2D data channel supports TTI bundling or blind HARQ

Proposal 2:  D2D data channel supports frequency hopping

Additionally, given that the above multiple layer 1 techniques are required in order to achieve desirable performance targets, then any increase in transport block size or reduction in code rate will have a considerable negative impact.  It is thus suggested that the multiplexing of control information with data packets is not supported for D2D communications and as such a separate physical channel is provided to transfer control information.
Proposal 3:  D2D control information is transmitted on a separate physical channel and not multiplexed with data
5
Conclusions
This document has investigated the requirements of ProSe device-to-device (D2D) communications to support voice services and the subsequent impact upon D2D communications control and data channel design.  The following observation has been made:

Observation 1:  In order to achieve comparable voice performance with TETRA then a combination of the following physical layer techniques are required for D2D communications:

· TTI bundling or (blind) HARQ

· Intra and inter-subframe frequency hopping

Additionally the following proposals have been suggested:

Proposal 1:  D2D data channel supports TTI bundling or blind HARQ

Proposal 2:  D2D data channel supports frequency hopping

Proposal 3:  D2D control information is transmitted on a separate physical channel and not multiplexed with data
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Annex A - 
IR packet size calculation

The calculation of the initialisation and refresh state (IR) packet size for an AMR codec rate of 12.2kbps is as shown in Table 1 below.  Note that this packet would have to be sent periodically because of the agreement by RAN2 that U-mode is used for header compression in the PDCP.  In order that any communication take place this packet would have to be received first.
Table 1 - IR state packet size for an AMR 12.2kbps voice codec

	Name
	Value
	Units

	Voice codec rate
	12200
	bps

	Voice sample time
	0.02
	s

	Voice packet size
	244
	bits

	IR header info (CID=0)
	3
	bytes

	IP initialisation (static)
	10
	bytes

	IP initialisation (dynamic)
	5
	bytes

	UDP initialisation (static)
	4
	bytes

	UDP initialisation (dynamic)
	2
	bytes

	RTP initialisation (static)
	4
	bytes

	RTP initialisation (dymamic)
	11
	bytes

	PDCP header
	1
	bytes

	PDCP PDU size
	564
	bits

	RLC header
	1
	bytes

	MAC header
	6
	bytes

	Number subframes segmented
	2
	

	Total transport block size (after segmentation)
	338
	bits


Annex B - 
Link-level simulation results
This annex provides link-level simulations for an LTE uplink with a 328 bit transport block size using 1 PRB with TTI bundling and 2 PRB without TTI bundling.  Results are provided both with and without type II intraAndInterSubFrame frequency hopping.  The simulations are performed in a typical urban 3kmph channel with dual branch receive diversity with a correlation coefficient of 0,5 and a realistic channel estimation implementation.  Table 2 provides a summary of the required SNR to achieve 0.5% BLER.
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Figure 1 - UL LTE link-level simulation results with 328 bit transport block size
Table 2 - SNR requirements for 0.5% BLER with 328 bit transport block size

	
	1st transmission
	2nd transmission
	3rd transmission
	4th transmission

	MCS6, 1PRB, TTI bundling
	9.5dB
	-
	-
	-

	MCS6, 1PRB, TTI bundling, freq. hop
	5.0dB
	-
	-
	-

	MCS10, 2PRB
	>12 dB
	7.6dB
	5.7dB
	4.1dB

	MCS10, 2 PRB, frequency hopping
	>10dB
	4.4dB
	2.2dB
	1.3dB


