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Bandwidth requirement of VoIP with 10 ms TTI
1 Introduction

In GERAN Evolution there is ongoing work to reduce the latency in the GSM system, where transmission time interval (TTI) is one of the discussed issues. Reduced TTI would, among other things, increase the throughput and capacity of the system. 

The service of VoIP for EGPRS/EDGE is one example of where latency is critical for the quality of service. Today the requirement on service delays imposes the system to use unacknowledged transmission of the IP packets, which result in a higher bandwidth requirement than if acknowledged transmission was allowed. In this contribution two alternatives to the 20 ms TTI radio block are considered that reduce the TTI to 10 ms: a two-burst radio block and a dual carrier four-burst radio block, of which the latter has already been discussed in GERAN [1]. The alternative transmissions are evaluated with respect to bandwidth requirements in a VoIP scenario.

2 Concept description

To reduce the TTI a two-burst (compared to the four-burst structure used today) radio block and dual carrier 4-burst radio block is considered for use in a real-time VoIP service. Compared to the currently used radio blocks these modified transmission schemes reduce the TTI to 10 ms and can be used in RLC non-persistent mode (one retransmission) and still fulfil the latency requirements of VoIP, see Table 5.4.

The short radio blocks will improve the bandwidth requirements, especially at high C/I, whereas the dual carrier mode is shown to improve performance in poor radio conditions.

3 4-burst radio blocks

The regular EGPRS coding schemes MCS-1 to MCS-9 are used as reference [2]. The link performance of these radio blocks has been evaluated using the simulation conditions described in Annex A. 

If ideal frequency hopping is assumed the dual carrier mode will not change the link performance since the only difference is the mapping of the bursts. Therefore the same performance has been used for the different transmissions.

4 2-burst radio blocks

For the modified radio blocks new MCSs are required, denoted MCSXS (where X is between 1 and 9), which includes puncturing schemes, interleaving and mapping of header. Since the interleaving only can be performed over two bursts the frequency diversity will decrease (if FH is used), compared to the current transmission, resulting in an increased BLER and HER (Header Error Rate). The link performance for the short radio blocks has been evaluated using the same simulation conditions as for the four-burst radio blocks.

4.1 Channel coding

The same convolutional mother code has been used as for the regular radio blocks but the coding ratio and punctuation used differ. The modified MCSs are presented in detail in Annex A. Uniform punctuation of the coded data bits has been used. In the IR retransmissions the punctuation pattern has been bit shifted to attain minimum overlapping in the soft bit combining. For the bit mapping of the bursts the punctured bits have been divided into two blocks that are separately interleaved according to Figure 4.1. 

Figure 4.1. Burst mapping and interleaving for the short radio blocks at the transmitter.

This is not an optimised mapping but should give reasonably good results when frequency hopping is used.

4.2 Header

The header is kept as for the conventional radio blocks except for MCS7S-MCS9S where the header for MCS5 and MCS6 is used since only one RLC block is used irrespective of the coding scheme and thus the second RLC block sequence number is not needed. Since the original headers are used, there will be an increase in overhead for the shorter radio blocks. 

5 Link performance evaluation

5.1 Simulation assumptions

An IP packet is assumed to consist of 2 AMR7.95 frames, which are sent every 40 ms (20 ms per frame). ROHC (Robust Header Compression) is used. This results in a LLC PDU size of 56 bytes, see Table 5.1. 

Table 5.1. Amount of data in an IP packet with 2 AMR7.95 frames

	
	IP packet with 2 AMR7.95 frames

	Speech data (AMR7.95)
	2 x 159 bits

	ToC + CMR
	10 + 6 bits

	Padding
	2 bits

	Total AMR data
	336 bits

	UDP header
	32 bits

	LLC + SNDCP
	80 bits

	Total data
	448 bits (56 bytes)


Since the LLC PDUs fit exactly in one and two conventional MCS5 and MCS2 blocks respectively the modified radio blocks have also been chosen to eliminate unnecessary overhead, see Table 5.2.

Table 5.2. Information on the MCSs used in the simulations.

	
	Info data [bytes]
	code rate
	overhead
	# blocks/IP-packet

	MCS5
	56
	37
	68
	1

	MCS2
	28
	66
	51
	2

	MCS1
	22
	53
	61
	3

	MCS8S
	56
	85
	35
	1

	MCS6S
	28
	44
	67
	2

	MCS5S
	21
	34
	76
	3

	MCS4S
	14
	92
	50
	4


5.1.1 Impairments

Impairments used have been different receiver impairments including I/Q- phase and gain imbalance, DC offset and frequency offset. The specific parameters are presented in Table 5.3.

Table 5.3. Receiver impairments in simulation.

	
	MS

	Frequency Band
	900 MHz

	Gain Imbalance [dB]
	0.2

	Phase Imbalance [(]
	1.5

	DC offset [dBc]
	-40.0

	Phase Noise [( RMS]
	1.0

	Frequency offset [Hz]
	25


5.2 Link level results

Link simulations have been conducted to attain performance curves for the regular and short radio blocks. In the performance evaluation residual BLER has been used, which includes both data block and header errors. Figure 5.1 shows the result for MCS5 and MCS8S, which are the highest MCS used for the regular and short radio blocks respectively. For these MCSs one IP packet requires one radio block. Corresponding plots for the other MCSs used in this paper are presented in Annex A.

[image: image1.wmf]
Figure 5.1. Residual BLER for MCS5 and MCS8S.

6 Channel usage

6.1 Scenarios

From the link results the bandwidth requirements have been calculated for three different radio block transmissions:

I. MCSX    - Four consecutive TDMA frames and one time slot (regular radio block, used as reference).

II. MCSXS  - Two consecutive TDMA frames and one time slot (short radio block).

III. MCSX, dc - Two consecutive TDMA frames and two non-adjacent frequencies.

The third option is one of the proposed solutions for 10 ms TTI in GERAN Evolution [1]. The different radio block formats are shown below:

6.2 Assumptions

As mentioned in Section 3 there will be no difference in performance for I and III, therefore the same link results are used for the evaluation of the channel usage.

For the VoIP service to be acceptable a FER (Frame Error Rate) of 1% or lower is assumed, which results in different target BLERs depending on the MCS used according to
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where n is the number of radio blocks per IP-packets. The equation assumes ideal FH.

The IP packet transmission has been performed in RLC unacknowledged mode for today’s radio block and in  RLC non-persistent mode with one retransmission for the radio block transmissions with 10 ms TTI. Table 5.4 shows a latency budget for legacy MS and 10 ms TTI MS. It is assumed that the PCU is located in the BSC and that event-based Ack/Nack is used [1]. The maximum allowed delay from BSC to MS is assumed to be 100-110 ms
, therefore it is not possible with transmission in acknowledged mode for legacy mobiles (165 ms).

Table 5.4. Latency budget for legacy / 10 ms TTI MS with one retransmission.

	Direction
	BSC
	Abis
	BTS
	Um
	MS
	SUM

	BSC (
	
	20 / 10
	5
	20 / 10
	
	45 / 25

	( MS
	
	20 / 10
	*
	20 / 10
	20 / 10
	…

	BSC(
	*
	20 / 10
	*
	20 / 10
	
	165 / 85


* The sum of the three delays is assumed to be <10 ms, which allows a retransmission to be sent on the Um interface 30 ms after the NACK has been received on the Um interface in the case of 10 ms TTI and 60 ms after in case of 20 ms TTI.

The channel usage has been calculated from the link performance curves using the FER requirement of 1 %. Since scenario II and III use acknowledged transmission the channel usage will be different at different C/I. E.g. if MCS6S is used, which needs two blocks per IP packet (plus possible retransmissions), the channel usage has been calculated, using simple combinatorial mathematics, to be:
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 is the probability of a block being erroneous. However, for the unacknowledged transmission (I) the channel usage will be constant for one MCS. In the calculations it is assumed that DTX is not used by the system, i.e. the mobile terminals are always active.

6.3 Results

The required bandwidth for the different transmissions at different C/I is shown in Figure 6.1.
[image: image5.wmf]
Figure 6.1. Channel usage for the different radio blocks.

It is seen that the gain of using the short radio blocks (MCSXS) is at high C/I, where the channel usage decreases with at most 50 % compared to the two alternatives with a 4-burst radio block structure. In poor radio conditions the dual carrier mode (MCSX, dc) is superior because of the possibility of one selective retransmission (whereas blind retransmission must be used with the 20 ms TTI). The curves are only represented at C/I > 8 dB since that is the lower limit of where both MCSX and MCSXS fulfill the requirement of FER < 1 % (given the assumptions of this investigation). In dual carrier mode this limit is around 7 dB for MCS1 but is not shown in the figure.

The average channel usage is presented in Table 6.1 and has been calculated as a weighted sum of a C/I distribution (given in Annex A) and the curves in Figure 6.1.

Table 6.1. Average channel usage for a 3/1 frequency reuse.

	
	Av. channel usage [TS]

	
	A. 3/9 freq. reuse
	B. 1/1 freq. reuse

	I. MCSX
	0.58
	1.52

	II. MCSXS
	0.35
	0.82

	III. MCSX, dc
	0.50
	0.79

	Adaptive II & III
	0.31
	0.50


In addition to the three transmission modes described in Section 6.1 the table also presents an adaptive transmission between II & III, which would follow ‘MCSX, dc’ in Figure 6.1 until a C/I of around 15 dB and then ‘MCSXS’ at C/I > 15 dB. 

For distribution A it is seen that the short radio blocks only use 
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60 % (0.35/0.58) of the channel that would be required for VoIP using today’s radio blocks and in an adaptive mode only 
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0.53 %. The corresponding figures for distribution B are 
[image: image8.wmf]»

54 % and 
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33 %.

7 Discussion

In Table 6.1 significant gains in channel usage are shown when using a 2-burts radio block instead of the regular 4-burts radio block in both single and dual carrier transmission. The gain is not as easy to see when looking at Figure 6.1 where the obvious gains occur at C/I > 16 dB. Thus, the result of the average channel usage is dependent on the C/I-distribution used. But, worth noting is that MCSXS is well below MCSX in almost the whole C/I region, which implies a bandwidth gain irrespective of the C/I-distribution used. As seen in Table 6.1, using a distribution with more users in poor radio conditions, B,  gives similar results as with good radio conditions (A) between I and II while the difference between I and III increases. Since III has a more efficient channel usage at low C/I a VoIP service would gain most by implementing an adaptive transmission between II and III.

Worth noting is that when using the 1/1 frequency reuse distribution only 73 % of the users are above 8 dB (which is the worst radio condition for the service to work, see Section 6.3). Thus, the figures in Table 6.1 are based on the assumption that all users experience C/I > 8 dB. To increase the number of users accessible to the VoIP service an adaptive transmission scheme between e.g. AMR4.75 and AMR7.95 could be implemented, but is not covered in this paper.

8 Conclusion

This paper investigates the channel usage of two transmission methods for reducing the TTI to 10 ms: a single carrier 2-burst radio block and a dual carrier 4-burst radio block. The 2-burst radio blocks have shown to result in gains on channel usage compared to today’s radio blocks of maximum 50 % and on average of up to 40 % in a 3/9 frequency reuse scenario. In the same scenario, the dual carrier mode was shown to give a maximum gain of 70 % while the average gain was around 15 %. Using the two modes adaptively reduced the average channel usage with 0.47 %. 

A 1/1 frequency reuse scenario was also investigated. The gain was similar for the short radio block (54 %) while the dual carrier mode showed an average gain of 48 %. In adaptive mode the bandwidth requirement was reduced with 63 %. 

Using the dual carrier mode there are significant bandwidth gains, especially at low C/I, and there will be no loss in link performance compared to the conventional transmission mode. By using short radio blocks there will be a possible loss in frequency diversity and a loss in throughput. However, for the real time application of VoIP considered in this paper the main concern is bandwidth requirements for a maximum latency where the shorter radio blocks have potential to improve the system performance significantly, especially at high C/I. 

It is proposed to add the findings of this contribution to chapter 10.3, Reduced transmission time interval, in the Feasibility Study [1].
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Annex A
Detailed simulation conditions

· Typical Urban (TU) channel

· Terminal speed 3 km/h

· Ideal frequency hopping

· 900 MHz band

· Receiver impairments, see Table 5.3
· No transmitter impairments

· 
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· Training sequence 0

· 40000 frames simulation

· Co-channel interference

MCS 

Table A.1. MCS details for the regular radio blocks

	MCS
	# header bits
	# data bits
	# info bytes
	rate [%]
	overhead [%]

	1
	80
	372
	22
	53
	61

	2
	80
	372
	28
	66
	51

	3
	80
	372
	37
	85
	35

	4
	80
	372
	44
	100
	23

	5
	136
	1248
	56
	37,5
	68

	6
	136
	1248
	74
	49
	57

	7
	160
	1224
	112
	76
	35

	8
	160
	1224
	136
	92
	21

	9
	160
	1224
	148
	100
	14


Table A.2. MCS information for the short (2-burst) radio blocks

	MCS
	# header bits
	# data bits
	# info bytes
	rate [%]
	overhead [%]

	1
	80
	144
	7
	53
	75

	2
	80
	144
	9
	64
	68

	3
	80
	144
	13
	86
	54

	4
	80
	144
	14
	92
	50

	5
	136
	552
	21
	34
	76

	6
	136
	552
	28
	44
	67

	7
	136
	552
	50
	76
	42

	8
	136
	552
	56
	85
	35

	9
	136
	552
	66
	99
	23


Link Performance

      a.


          b.
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      c.
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Figure A.1. Link performance curves on Residual BLER (block and header error) for the MCSs used in the channel usage calculations. The MCS are divided into number of blocks per IP packet: a. 2, b. 3 & c. 4 (see Table 5.2).

C/I distributions
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Figure A.2. C/I-distribution with 3/9 frequency reuse.
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Figure A.3. C/I-distribution with 1/1 frequency reuse
MCS used
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Figure A.4. MCSX used in the channel usage calculations.
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Figure A.5. MCSXS used in the channel usage calculations.

[image: image18.wmf]
Figure A.6. MCSX used in dual carrier mode for the channel usage calculations..

In Figures A.4 and A.5 the notation E of the modulation schemes denotes that one extra radio block is sent in the first transmission, i.e. one blind retransmission. This increases the bandwidth used but it enables the VoIP service to be used at lower C/I.
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� The mouth-to-ear delay should be below 280 ms in a MS-to-MS call. This includes speech encoding/decoding delay, core network delay and radio network delay. 
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