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1. Introduction
The agreed way forward on the potential solutions for coverage enhancement SI is captured in the TR36.824 as following:
“It is agreed to further investigate TTI bundling enhancements for both medium data rate and VoIP in UL. The following potential enhancements have been proposed:

•
To further study the changes to HARQ RTT, HARQ process and the number of bundled subframes.

•
To further study the support of larger transport block sizes.

•
To further study the configuration/signalling mechanisms.

•
Both L1/higher layer protocols overhead and latency should be considered.

The minimum gain for consideration of specifying the potential solutions is 1dB for both medium data rate and VoIP in UL.”
In this contribution, we evaluate the potential gain of introducing bundling for medium and low data rate as well as for VoIP. 
2. System Evaluation
We consider the following two schemes for both the medium and the low data rate, defined as 384 kbps and 128 kbps, respectively:

1. Introduce TTI bundling for medium data rate by allowing bigger RB/MCS combinations that is currently allowed in the Rel 8 specifications. 
2. Allow multiple HARQ processes to the same user with higher layer segmentation of the packet. 

From the point of energy accumulation, both schemes achieve the same goal. With some difference listed below:
· Spec impact: TTI bundling was introduced to Rel-8 mainly for the enhancement of VOIP coverage. Therefore, the allowed RB/MCS combinations are limited. For medium data rate, this limitation may not be suitable. 
· Bundling provides significant gain for VOIP applications because the alternative higher layer segmentation would introduce relatively large overhead compared to the VOIP packet size. The overhead include MAC header, RLC header, and CRC per TB. However, the overhead reduction gain is expected to be less for larger payload sizes, such as medium to high data rate. 
· Beside the overhead reduction, the additional gain in medium data rate is potential coding gain from using a larger TB instead of several segments of the same TB. This gain is expected to be fraction of a dB given that the segmentated packet size of ~400 bit and bundled size of ~1500 bit. 

· The HARQ turn around time for bundled transmission is 16 ms, and retransmission is also bundled. For multiple HARQ processes with segmented packet, each of them follows its own 8 ms retransmission timing, and each HARQ process can terminate separately. So there is certain restriction on scheduling and link adaptation when we use bundled transmission. 
In this section, we present the simulation results to compare the performance of the two schemes for the medium and low data rates. The following simulation assumptions are used:

	
	Medium data rate
	Low data rate

	
	4 TTI bundling
	No bundling
	4 TTI bundling
	No bundling

	ITBS
	23
	9
	14
	6

	Modulation format
	QPSK
	QPSK
	QPSK
	QPSK

	Number of PRBs
	3
	3
	2
	2

	PUSCH hopping
	Enabled
	Enabled
	Enabled
	Enabled

	TB size
	1736 bits
	456 bits
	552 bits
	176 bits

	MAC+RLC header overhead + 
CRC overhead
	40+24 bits 
every 4 TTIs
	40+24 bits 
every 1 TTIs
	40+24 bits 
every 4 TTIs
	40+24 bits 
every 1 TTIs

	Employed HARQ processes
	4
	8
	4
	8

	Maximum PDCP throughput
	424 Kbps
	416 Kbps
	128 Kbps
	136 Kbps


Note that a 5-byte overhead, accounting for the MAC and RLC headers, has been assumed in both scenarios, the difference being that the same overhead is spread over 4 TTIs when bundling is enabled, thus the relative overhead is lower. The MCS values have been selected so that approximately the same maximum throughput is achieved in the two cases, this throughput being equal or larger than the target throughput values of 384 Kbps and 128 Kbps, respectively. Note that the maximum throughput pointed out in the table above assumes that the first transmission is always succesful, hence it’s achievable only at high geometry. Any non-negligible re-transmission probability will reduce the achievable throughput value.

The following simulation assumptions are used: 

· Carrier frequency: 2 GHz

· Antenna configuration: 2 Rx antennas and 1 Tx antenna

· Channel model: EPA 3 km/hr 

In the following figure, the frame error rate (FER) after the first transmission is shown for the two scenarios.
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Assuming a target FER of 10%, the table below shows the required geometry values in dB. Note that, by using TTI bundling, a performance gain of 0.5 dB and 1.2 dB is achievable for medium and low throughput, respectively.

	
	Medium data rate
	Low data rate

	
	4 TTI bundling
	No bundling
	4 TTI bundling
	No bundling

	Geometry @ 10% FER
	1.8 dB
	2.3 dB
	-1.8 dB
	-0.6 dB


2.1. VoIP performance
We consider a single VoIP user stream, where a 328 bits packet is generated by upper layers every 20ms (the 328 bits size already includes MAC and RLC headers overheads). In the case of 4 TTI bundling, each VoIP packet maps over a MAC PDU which is transmitted across 4 consecutive TTIs using a single HARQ entity, and no RLC segmentation is necessary. However, if TTI bundling is disabled, each VoIP packet could be segmented at the RLC layer so that 4 TTIs are still used for transmission. Hence, assuming the same PRB allocation, the two schemes use the same system resources. Though, because of RLC segmentation, relative overhead without TTI bundling is larger. For comparison purposes we also considered a no-bundling and no-segmentation scheme, where each VoIP packet maps to a single MAC PDU transmitted in a single TTI. Because of the higher spectral efficiency of this scheme, we expect its performance to be worse than the other two schemes, for a fixed radio condition.
VoIP traffic has a strict QoS delay requirement of around 50ms. Hence, the maximum number of HARQ re-transmissions is limited in all three scenarios. The figure below shows an examplary HARQ timeline for the three considered schemes.
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In this figure, each color represents a VoIP packet. First transmissions are represented as uniformly filled boxes, whereas subsequent transmissions of the same packet are denoted with a non-uniform pattern. Note that, because of the limited number of HARQ processes, only 5 total transmissions are allowed in the no-bundling case with segmentation, leading to a maximum delay of 36ms. When TTI bundling is enabled, up to 4 transmissions could be used, leading to a worst-case delay of 52ms. If the 50ms delay constraint is a strict limit for VoIP, than only 3 total transmissions should be allowed, but in this contribution we assume a worst-case delay of 52ms to be acceptable.
The table below summarizes the simulation assumptions.

	
	4 TTI bundling
	No bundling, 
RLC segmentation
	No bundling, 
no RLC segmentation

	MCS
	11
	3
	11

	Modulation format
	QPSK
	QPSK
	16-QAM

	Number of RBs
	2
	2
	2

	PUSCH hopping
	Enabled
	Enabled
	Enabled

	TB size
	328 bits
	104 bits
	328 bits

	MAC+RLC header overhead + 
CRC overhead
	16+24 bits 
every 4 TTIs 
(i.e., 11.4%)
	16+24 bits 
every 1 TTIs 
(i.e., 31.2%)
	16+24 bits 
every 1 TTIs 
(i.e., 11.4%)

	Maximum number of transmissions
	4
	5
	7

	Effective maximum delay
	52ms
	36ms
	50ms

	PDCP throughput
	15.6 Kbps
	17.6 Kbps
	15.6 Kbps


Note that the MCS for the case of no-bundling/no-segmentation has been chosen so that (328-16)/4 ( TBSNoBundling-16. Because of the granularity of the available transport block sizes, a slightly higher effective throughput is achieved without bundling. 
In the two figures below we compare the final frame error rate (fFER), namely the FER measured after all the available re-transmissions, for the two considered schemes. Note that, in the case with RLC segmentation, since each VoIP frame is segmented into 4 MAC PDUs, all 4 PDUs have to be decoded correctly in order for the VoIP frame to be correct. This is accounted for in the fFER shown below. Besides the fFER, the average delay is also shown for the three schemes. Note that, at very low geometry values, average delay tends to be high because many retransmissions are needed. Moreover, we point out that if neither TTI bundling nor segmentation is used, the minimum delay (achieved for very high geometry) is lower because each VoIP packet can be transmitted in just 1 TTI, rather than 4.
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These are the geometry values to achieve a target fFER of 2%. Note that TTI bundling provides a 2 dB gain over the no-bundling scheme for VoIP traffic, at the cost of a slightly increased average delay for very low geometry.
	
	4 TTI bundling
	No bundling, 
RLC segmentation
	No bundling, 
no segmentation

	Geometry @ 2% fFER
	-6.8 dB
	-4.8 dB
	-3.4 dB


3. Conclusions

In this contribution, we presented simulation results to compare the medium and low data rate as well as the VoIP performance with and without TTI bundling. As these results show, the differences between the bundled transmission and unbundled transmission are: 0.5 dB (medium data rate), 1.2 dB (low data rate), and 2 dB (VoIP).
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