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Video over GSM - link performance for E-TCH/F 32.0 with reduced interleaving depth

1 Introduction

One of the main applications for ECSD (Enhanced Circuit Switched Data) could be video telephony. An attractive solution for introducing video telephony in GSM would be to use the 64 kbit/s mode in ECSD for a 3G-324M compatible service. In WCDMA, circuit switched video telephony service based on the 3G-324M standard is already available.

In ITU-T recommendation G.114 [1] the effects of one-way transmission delay on a telephone connection is described. According to G.114, one-way delay of less than 400 ms gives an acceptable quality for the user. Although G.114 is dealing with telephone (i.e speech only) connections it is reasonable to use it for the audio part of a video call as well.

Delay estimations for GSM video telephony in [2] have shown that the one-way audio delay will likely exceed 400 ms. Some kind of improvement is therefore needed for ECSD in order to shorten the end-to-end delay. Since a large part of the total delay comes from the 110 ms interleaving it is interesting to see if shorter interleavers could be used without too much loss in link performance.

The purpose of this document is to explore the possibility to shorten the 110 ms interleaving depth currently used for ECSD in order to improve the end-to-end delay between terminals without degrading the performance “too much”. The service mode considered in this contribution is the 64kbit/s transparent mode, i.e. 2 time slots configured for E-TCH/F32.0T. 

This document was also submitted to the TSG GERAN meeting #19 in Cancun.

2 Simulations

2.1 Interleaving

Link level performance results of three different interleaving depths have been evaluated and are presented in this contribution. The currently specified ECSD interleaving of 110 ms [3] have been tested against 40, 60 and 80 ms interleavers.
The interleaving patterns used when generating results for this contribution are described below:

110 ms interleaver:

The coded bits are reordered and interleaved according to the following rule:



i(B,j) = c(n,k),
for
k  = 0,1,...,1367




n  = 0,1,...,N,N+1,…




B = B0 + 4n + (k mod 19) + (k div 342)

         j   = (k mod 19) + 19(k mod 18)        

This is the interleaving specified for E-TCH/F32.0 [3].

80 ms interleaver

The coded bits are reordered and interleaved according to the following rule:



i(B,j) = c(n,k),
for
k  = 0,1,...,1367



    n  = 0,1,...,N,N+1,…

            x = 456(k mod 12) + (4(49(k div 12) mod 114) mod 456)

            y = x div 1368

            z = x + y



    B = B0 + 4n + (z div 342)

            j  = z mod 342
60 ms interleaver

The coded bits are reordered and interleaved according to the following rule:



i(B,j) = c(n,k),
for
k  = 0,1,...,1367



    n  = 0,1,...,N,N+1,…

            x = 456(k mod 9) + (3(49(k div 9) mod 152) mod 456)

            y = x div 1368

            z = x + y 



    B = B0 + 4n + (z div 342)

            j  = z mod 342
40 ms interleaver

The coded bits are reordered according to the following rule:

r(3k) = c(3k),  r(3k+1) = c(3k+152) mod 1368,  r(3k+2) = c(3k+304) mod 1368,  for  k  = 0,1,...,455
Before interleaving the reordered coded bits {r(0),r(1),…,r(1367)} are converted into 3-bit symbols {Rs(0),Rs(1),…,Rs(455)} according to Table 1 in [4], the symbol Rs(k) depends on r(3k+2), r(3k+1), and r(3k) for k=0,1,…,455. The interleaving is done on a symbol level in the same manner as is specified for the TCH/FS service [3].
2.2 Simulation assumptions

Each simulation point has been run with 400000 bursts. If a simulation point reached above 100000 bit errors after the decoder the simulation was prematurely terminated.
Simulated radio scenarios:

-  Ht100 sensitivity, noFH, iFH.
-  Tu3 co-channel interference, noFH, iFH and random FH between 2, 4 and 16 frequencies.
- Tu3 adjacent-channel interference (+200kHz), with noFH, iFH and random FH between  
   2, 4 and 16 frequencies.

Known imperfections in the simulations: 

-  Blind detection of modulation was turned off.

-  No FACCH detection.

-  No transmitter or receiver impairments.
Target BER

According to [5] an acceptable video telephony quality is achieved at a bit error rate of 10-4. Plots including both BER and the corresponding FER values are available in Annex A.
2.3 Simulation results

Table 1, Table 2 and Table 3 below summarise the results. Detailed results can be found in Annex A.

	
	Es/No [dB] at which decoded BER=10-4

	Frequency hopping
	40 ms interleaving
	60 ms interleaving
	80 ms interleaving
	110 ms interleaving

	Ideal
	20.5 
	19.5
	18.8
	18.4

	None
	20.5
	19.6
	19.0
	18.6


Table 1. Sensitivity performance on HT100 channel

	
	C/I [dB] at which decoded BER=10-4

	Frequency hopping
	40 ms interleaving
	60 ms interleaving
	 80 ms interleaving
	110 ms interleaving

	Ideal
	18.8
	17.7
	16.7
	16.1

	16 frequencies
	20.1
	18.8
	18.0
	17.6

	4 frequencies
	22.4
	21.4
	20.3
	19.8

	2 frequencies
	23.5
	21.7
	20.9
	20.3


Table 2. Co-channel performance on TU3 channel

	
	C/I [dB] at which decoded BER=10-4

	Frequency hopping
	40 ms interleaving
	60 ms interleaving
	 80 ms interleaving
	110 ms interleaving

	Ideal
	1.9
	0.2
	-0.6
	-1.3

	16 frequencies
	3.0
	1.5
	0.5
	-0.2

	4 frequencies
	5.5
	3.8
	2.9
	2.4

	2 frequencies
	8.7
	6.7
	5.6
	4.7


Table 3. Adjacent channel performance on TU3 channel

HT100 Sensitivity:

Loss in performance for introducing the 40 ms interleaving is in the range of 1.9 to 2.1 dB depending on the test case.

The corresponding loss for the 60 ms interleaving is 1.0 to 1.1 dB.

The loss with the 80 ms interleaver is 0.4 dB.

TU3 co-channel: 

Loss in performance for introducing the 40 ms interleaving is in the range of 2.5 to 3.2 dB depending on the test case.

The corresponding loss for the 60 ms interleaving is 1.2 to 1.6 dB.

The loss with the 80 ms interleaver is 0.4 to 0.6 dB.

TU3 adjacent-channel: 

Loss in performance for introducing the 40 ms interleaving is in the range of 3.0 to 4.0 dB depending on the test case.

The corresponding loss for the 60 ms interleaving is 1.4 to 2.0 dB.

The loss with the 80 ms interleaver is 0.5 to 0.9 dB.

The largest of all losses are seen in the adjacent case with random hopping between 2 frequencies. For this case the loss is 4.0 dB with 40ms interleaving, 2.0 dB with 60 ms interleaving and 0.9 dB with the 80 ms interleaving.
3 Conclusion

The performance losses by using a 40 ms interleaving instead of the 110 ms interleaving is in the order of 2dB - 4dB. The end-to-end delay for the video part is reduced by 140 ms.

With the 60 ms interleaver the losses compared to the 110 ms interleaving is somewhat more moderate, in the order of 1dB – 2dB.The end-to-end delay for the video part is reduced by 100 ms.

With the 80 ms interleaver the losses compared to the 110 ms interleaver is quite small, in the order of 0.4-0.9dB. However the end-to-end delay for the video part is only reduced by 60 ms.
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Annex A Detailed simulation results
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	Figure 1. HT100 sensitivity, no frequency hopping
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	Figure 2. TU3 co-channel, ideal frequency hopping
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	Figure 3. TU3 co-channel, random frequency hopping, 16 frequencies
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	Figure 4. TU3 co-channel, random frequency hopping, 4 frequencies
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	Figure 5. TU3 co-channel, random frequency hopping, 2 frequencies
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	Figure 6. TU3 adjacent-channel (+200kHz), ideal frequency hopping
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	Figure 7. TU3 adjacent-channel (+200kHz), random frequency hopping, 16 frequencies
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	Figure 8. TU3 adjacent-channel (+200kHz), random frequency hopping, 4 frequencies
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	Figure 9. TU3 adjacent-channel (+200kHz), random frequency hopping, 2 frequencies
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