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1 Introduction

In the latest couple of meetings there has been some discussion on the possibility to introduce ROHC context transfer in E-UTRAN and the benefits of such functionality [1]

 REF _Ref331954466 \r \h 
[2]

 REF _Ref331954470 \r \h 
[3]

 REF _Ref331954471 \r \h 
[4]

 REF _Ref331954473 \r \h 
[5]. So far the conclusion from the discussions is that before a decision can be made it is necessary to investigate whether gains are large enough to consider further studies of the technical issues with such functionality. 

In this paper we discuss some aspects of performance related to ROHC context transfer.

2 Discussion

2.1 Introduction

Still in many mobile systems (circuit switched) conversations comprise a large part of the income for mobile operators. CS speech is a highly optimized solution for transporting voice over wireless channels. With LTE there is no CS channel and speech is transported over IP including the inherent overhead from IP headers. Still it is possible to provide an efficient service over dedicated voice bearers (QCI 1). Header compression (ROHC) is an important component of a system for efficient handling of VoIP, through which the IP header (40byte IPv4 or 60bytes IPv6) is compressed down to 3 bytes. 

One characteristic of ROHC is that the compressor needs to send a few full headers when a new conversation is started, after a sequence of packet losses, and after a handover. The latter is due to that a new bearer is setup after HO and there is no support in the ROHC specification for context transfer, i.e. the context as such has not been standardized.

2.2 Motivations for ROHC context transfer

One of the reasons for wanting to discuss ROHC context transfer is to be able to dimension the system for very low bit rates at the cell edge [1]. This is an interesting but probably unlikely scenario since most LTE networks will be dimensioned for mobile broadband use, which usually requires higher bit rates than VoIP. For the sake of discussion, let’s assume that networks will be dimensioned for rates at the cell edge on par with header compressed VoIP (a bit rate around 14kbps). With such low rates it will not be possible to start a VoIP call at the cell edge since when setting up the call a number of uncompressed headers will need to be transferred. More importantly, with such low cell edge bit rates most likely control channels or  RA would not be reliable anymore (Msg3 is 80 bits (including CRC) and it cannot use TTI Bundling). A remedy could be to allow a couple of HARQ retransmissions but it is not possible to dimension for performing, e.g., 4 transmission attempts (= 20 kbps). The consequence would simply be that many Random Accesses would fail. Similar problems probably occur for L1 control channels (in particular PUCCH) which will likely be lost or at least be unreliable when targeting that low cell edge bit rates.

Another motivation is that if no full headers are required after HO this will improve VoIP performance. This is of course true; sending less redundant data typically improves performance. However, whether such a change will have an impact on individual VoIP user’s satisfaction or for system performance is another question. For most cases the radio in the target cell is several dB better than in the source cell (depends on HO settings). This means that even if there are difficulties sending compressed headers in the source cell, un-compressed headers are not a problem in the target cell. As a result, the gain of such a feature is probably not noticeable. 

3 Simulations

In this section we focus on the HO performance and its effect on VoIP users, i.e. the second motivation. The first motivation, with very low cell edge bit rates is, as described above, highly unlikely. For detailed simulations settings, see the appendix.

In the paper [1], analytical calculations demonstrated large gains with ROHC context transfer. One of the assumption used leading to this apparently large gain was that the radio conditions after a handover (i.e. in the target cell) are similar to before the handover (i.e. in the serving cell). This would result in HARQ retransmissions of the full headers required after the HO. 

Running simulations with VoIP and a realistic HO model we attempt to analyze if this really is the case. The results show average difference in RSRP for the serving cell and target cell, respectively. It is clear that the radio conditions are much better in the target cell (several dB), which is to be expected since the HO is configured to behave in this way. This would mean that the assumptions in the calculations, resulting in retransmissions after handover, are not entirely correct. Note that the relation between the serving and target cell depends on the settings of handover thresholds so the lower right plot with more aggressive HO setting shows less difference in RSRP.

In the unusual case, where the radio conditions in the target cell are poor as well, this will probably not cause significant problems either since only one IR packet is required to decompress compressed packets, so loss of one of the IRs only results in a single packet loss.
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Figure 1 Simulation of difference in RSRP before and after handover for VoIP users at different system load, different cell size and different HO settings (top left: Case 1, low mobility; top right: Case 1 and medium mobility; bottom left: Case3, low mobility; bottom right: low mobility with aggressive HO settings).

Observation 1: Radio conditions are better (magnitude depends on HO settings) after handover, which means transmission of full headers in the new cell is feasible

In the following plots we show the delay for UL and DL packets, respectively, for legacy ROHC (“no cntx”) and ROHC with “context transfer” (“cntx”). Context transfer here means that no full headers are transmitted after the HO. During the simulations we vary the load from a low load to a very high load to see how this affects the delay. One reason for increasing the load is that for higher loads there will be more bundled transmissions, since some voice packets will have to wait to be scheduled, which may make transmission of packet near HO even more difficult. Simulations are performed for 4 different scenarios, two with small cells (“3GPP Case 1”, ISD, 500 m) and two with large cells (“3GPP Case 3”, ISD 1732 m). The first pair is meant to represent a scenario with good coverage and many handovers. The latter pair represents a scenario with not as good coverage; actually a fairly challenging scenario for VoIP.

	Scenario
	ISD
	UE Speed
	A3 offset
	A3 hystersis

	Low mobility
	500 m
	3 km/h
	3dB
	1dB

	Medium mobility
	500 m
	30 km/h
	3dB
	1dB

	Large cell
	1732 m
	3 km/h
	3dB
	1dB

	Aggressive HO
	1732 m
	3 km/h
	1.5dB
	1dB


In Figure 2 we show packet delay for the first 2 scenarios. There is generally no difference between simulations with context and simulations without. Looking at the 98th percentile, which is what identifies satisfied users, there is no difference between the two scenarios for packet delays below 100ms. There is a clear effect of more mobility (depicted in the right plots), however, both ROHC scenarios react similarly.
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Figure 2: VoIP packet delay for Case 1 simulations. Top left: DL, low mobility; top right: DL, medium mobility; lower left: UL, low mobility; lower right: UL, medium mobility.

Figure 3 shows results from simulations in cells with large ISD (1732m). This is a particularly challenging environment since the UE reaches its maximum transmit power fairly quickly; which causes a significant (compare to DL) increase of UE VoIP packet delay. Even for this scenario, there is no obvious gain from ROHC context transfer.
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Figure 3. VoIP packet delay for Case 3. Left plots: low mobility; right plots: low mobility and aggressive handover settings.

Observation 2: Sending two IR header after HO does not lead to an increase in VoIP packet delay compared to ROHC Context Transfer.

4 Conclusion

In these simulations we see no system level gains for ROHC context transfer during HO. One reason is likely that the radio conditions (RSRP) in the target cell is better than in the source cell.

Observation 1: Radio conditions are better (magnitude depends on HO settings) after handover, which means transmission of full headers in the new cell is feasible

Observation 2: Sending two IR packets after HO does not lead to a noticeable increase in VoIP packet delay compared to ROHC Context Transfer.
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6 Appendix: Simulation settings.
	Parameter
	Assumption

	Cellular Layout
	Hexagonal grid, 7 cell sites, 3 sectors per site

	Inter-site distance
	500 m and 1732 m

	Distance-dependent path loss
	L=I + 37.6log10(.R), R in kilometers

I=128.1 – 2GHz,   I=120.9 - 900MHz [5]

	Lognormal Shadowing
	Similar to UMTS 30.03, B 1.4.1.4 [6]

	Shadowing standard deviation
	8 dB

	Correlation distance of Shadowing
	50 m  (See D,4 in UMTS 30.03)

	Shadowing correlation
	Between cells
	0.5

	
	Between sectors
	1.0

	Penetration Loss  
	20dB

	Antenna pattern [4] (horizontal)

(For 3-sector cell sites with fixed antenna patterns)
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	Carrier Frequency / Bandwidth
	See Table A.2.1.1-1

	Channel model
	Typical Urban (TU)



	UE speeds of interest
	3km/h, 30km/h

	Total BS TX power (Ptotal)
	43dBm – 1.25, 5MHz carrier,  

	UE power class
	24dBm (250mW)

	Inter-cell Interference Modelling
	UL: Explicit modelling (all cells occupied by UEs), 

DL: Explicit modelling else cell power = Ptotal

	Antenna Bore-sight points toward flat side of cell (for 3-sector sites with fixed antenna patterns)
	


	Users dropped uniformly in entire cell / Poisson arrivals
	


	Minimum distance between UE and cell
	>= 35 meters [7]

	Bandwidth
	5MHz

	Carrier frequency
	2GHz

	eNB: antennas / noise figure
	1x2 uncorrelated MRC/ 5dB

	UE: antennas / noise figure
	1x2 uncorrelated MRC / 9dB


	Other settings
	

	PDCCH: fixed allocation
	3UL + 3DL

	Dynamic scheduling
	Delay scheduling

	Buffer status estimation
	Detailed model

	Handover
	Detailed model

	CQI
	Wideband on PUCCH 40ms period

	CQI measurement error
	1dB

	Scheduling request on PUCCH
	Case 1: 20ms and Case 3: 10ms

	VoIP Sizes of payloads and headers
	

	AMR12.2
	32octets

	SID
	7 octets

	PDCP Header
	1 octet

	ROHC, dynamic model
	3-40 octets

	RLC UM Header
	1 octet

	MAC Header 
	1 octet

	BSR 
	2 octets

	Call length
	30 s

	Simulation time (statistics calculated on completed calls)
	90 s
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