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Video over GSM – discussion paper

1 Introduction

A circuit switched video telephony service is already available in WCDMA. This service is based on the 3G-324M video telephony standard [2] and is carried on a 64 kb/s transparent radio bearer. The same type of service can be provided in a GSM system using ECSD (two timeslot E-TCH/F32). This paper discusses some concerns about the media (i.e. audio and video) delay in such a service.

2 ECSD/3G-324M media delay

In ITU-T recommendation G.114 [3] the effects of one way transmission delay on a telephone connection is described. 
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Figure 1. Quality versus delay. 
Figure 1 shows how the end user perceives the connection quality as a function of one-way mouth to ear delay according to G.114. The main reason why a long delay is not acceptable is that it becomes hard to switch direction in a conversation and the two parties will talk at same time. 

All speech services in GSM (i.e. full-rate, enhanced full-rate, AMR full-rate etc) have a one way delay of approximately 200 ms in MS to MS calls which, according to Figure 1, will not degrade the quality. 
In addition to the curve in Figure 1 G.114 also includes a recommendation stating that in most cases a one-way delay less than 400 ms is acceptable. The 400 ms limit is mouth to ear which means that all transmission delays have to be accounted for including for example the delays introduced by international connections. This means that the GSM system alone cannot consume the whole 400 ms delay budget.

Although G.114 is dealing with telephone (i.e. speech only) connections it is reasonable to use it for the audio part of video telephony as well. 

In WCDMA 3G-324M based video telephony is already available. Delay measurements using commercially available WCDMA mobile terminals have been made showing audio delay figures well above 300 ms for all the tested terminals.

The interleaving delay for the 64 kb/s UDI RAB used for video telephony in WCDMA is 20 ms. The interleaving delay for the 64 kb/s transparent bearer in ECSD is 106.8 ms, i.e. 86.8 ms higher per radio link compared to WCDMA. Adding 2*86.8 ms to the >300 ms measurement indicates that the audio delay in ECSD/3G-324M would be in the order of 500 ms. 

The assumption that every step in the transmission chain except the interleaving will be the same in GSM and WCDMA can of course be questioned but as a coarse approximation it is reasonable. 

A more thorough estimation based on 3GPP 03.05 [4] and 3GPP 26.975 [5] has also been done. The AMR full rate speech service estimation in 26.975 is used as a base for a delay estimation for the 3G-324M/ECSD video telephony service. 

In Table 1 the 26.975 delay estimation for AMR full rate is listed in the “AMR 122 FR” column. The column “VT audio” contains an estimation of the audio delay in a 3G-324M/ECSD video telephony connection. The delay factors in blue colour are the additional factors that have been identified for video telephony. The original AMR factors are marked in red. Annex A contains an explanation of each of the factors in Table 1.

The resulting (optimistic) estimation of the audio delay for ECSD/3G-324M shows that the margin to the 400 ms requirement is small. It is reasonable to expect that the additional delay in a real implementation in addition to delay contributions from outside the GSM system will add up to a total delay larger than 400 ms. Indeed, delay measurements on commercially available WCDMA terminals show a significant delay increase compared to the WCDMA speech service despite that they theoretically should have about the same delay. This indicates that a larger implementation margin has to be allowed for video telephony. 

According to ITU recommendation G.1010 [6] a maximum of 80 ms lag between audio and video can be allowed without compromising lip synchronization. This means that the video delay should be kept below 480 ms to make lip synchronization possible given an audio delay of 400 ms.

Table 1 does not include an estimation of video delay but it is reasonable to expect a higher delay for video than for audio, the video codec is more complex and there will be additional delay in the capturing and display process. 

It is quite obvious from Table 1 that the by far biggest delay contribution comes from the interleaver. It is also the only factor where it is actually possible to substantially improve the delay without affecting the 3G-324M standard and thereby the WCDMA compatibility. 

	Factor
	Source
	Link
	AMR 122 FR [ms]
	VT audio [ms]

	Ta/d
	MS
	UL
	1.0
	1.0

	Margin
	MS
	UL
	2.0
	2.0

	Tsample
	MS
	UL
	25.0
	25.0

	Ttransc 
	MS
	UL
	12.976
	-

	Tcompr
	
	
	
	15.0

	Tmultiplex
	MS
	UL
	-
	20.0

	Tencode
	MS
	UL
	0.272
	1.427

	Trftx
	AIR IF
	UL
	37.5
	106.8

	Margin
	BTS
	UL
	3.0
	3.0

	Trxproc eq
	BTS
	UL
	6.84
	6.84

	Trxproc ch dec
	BTS
	UL
	1.936
	1.936

	Tabisu
	BTS
	UL
	6.625
	0.125

	Margin
	BSC
	UL
	0.5
	0.5

	Tproc
	BSC
	UL
	1.816
	0

	Tbsc
	BSC
	UL
	0.5
	0.5

	Margin
	MSC
	UL
	0.5
	0.5

	Tmsc
	MSC
	UL
	0.5
	0.5

	Techo
	MSC
	DL
	1.0
	-

	Tmsc
	MSC
	DL
	0.5
	0.5

	Margin
	MSC
	DL
	0.5
	0.5

	Tbsc
	BSC
	DL
	0.5
	0.5

	Tsample
	BSC
	DL
	25.0
	-

	Tsps
	BSC
	DL
	2.28
	-

	Tproc
	BSC
	DL
	1.816
	-

	Tabisd
	BSC
	DL
	17.125
	19.423

	Margin
	BSC
	DL
	0.5
	0.5

	Tbuff
	BTS
	DL
	1.25
	20.0

	Tencode
	BTS
	DL
	0.272
	1.427

	Margin
	BTS
	DL
	0.45
	0.45

	Trftx
	AIR IF
	DL
	37.5
	106.8

	Trxproc eq
	MS
	DL
	6.84
	6.84

	Trxproc ch dec
	MS
	DL
	1.936
	1.936

	Tdemultiplex
	
	
	-
	1.0

	Tproc  
	MS
	DL
	1.816
	-

	Tdecompr
	
	
	
	5.0

	Margin
	MS
	DL
	2.0
	2.0

	Td/a
	MS
	DL
	1.0
	1.0

	Total
	
	DL
	203.3
	356.0


Table 1. Delay estimation.

3 E-TCH/F32.0 performance

In an accompanying contribution [1], an evaluation of the performance impact of reducing the interleaving depth of ECSD can be found. The findings of this study are summarised in Table 2.

	Interleaving depth
	Performance loss relative to 110 ms interleaving
	One way delay gain relative to 110 ms interleaving

	40 ms
	2-4 dB
	140 ms

	60 ms
	1-2 dB
	100 ms

	80 ms
	0.4-0.9 dB
	60 ms


Table 2. Performance loss and one way delay reduction as a function of the interleaving depth (for an MS to MS call).

4 Conclusion

As shown in section 2, it is very likely that a 3G-324M video telephony service in GSM will not meet the ITU recommendation of maximum 400 ms mouth to ear delay. The main delay contribution is coming from the long interleaving used in ECSD. Hence, if such a service is considered desirable, a reasonable trade-off has to be made between the link performance and the one-way delay in order to optimize the conversational quality of a GSM video telephony call using ECSD. From the performance results in section 3, it seems like a 60 ms interleaving depth is a good trade-off. The one-way delay will then likely be less than 400 ms, while the performance loss is moderate.

One way to implement this modification in the standard would be to introduce an “enhanced” ECSD in Rel-6 with new interleaving, in addition to the “regular” ECSD. The drawback of this approach is that it requires additional changes in MS and network capability signalling, assignment messages etc. in order to distinguish it from the “regular” ECSD.

To our knowledge, ECSD has not been implemented by any network or MS manufacturer. A better approach would therefore be to change the interleaving of the regular ECSD from R’99 onwards. Thereby, there is no need for new signalling and the introduction in products as well as in the standard is simplified significantly.
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Annex A Explanation of the factors in the delay calculations

Margin
Implementation dependent margins in the different system components. Set as follows:
MSC Margin:
0.5 ms 
BSC Margin:
0.5 ms 
BTS Margin:
0.45 ms downlink, 0.3 ms uplink
MS Margin:
2 ms in Full Rate.

Tsample
Duration of the segment (20 ms frame + 5 ms lookahead) of PCM speech samples operated on by the speech transcoder.

Ttransc
MS speech encoder processing delay, from input of the last PCM sample to output of the final encoded bit. 

Tcompr
Audio encoding processing time.

Tmultiplex
Delay due to H.223 multiplexing.

Tencode:
Processing delay required to perform the channel encoding. The encoding time for video telephony is the speech figure scaled with the number of bits (64000/12200).

Trftx
Time required for the transmission of a speech frame over the air interface. Derived from the radio framing structure and the interleaving scheme. TCH/FS speech = 7 TCH TDMA frames with normal bursts + 1 SACCH/T or idle TDMA frame + 1 TCH time slot.  E-TCH/F32.0 video telephony = 21 TCH TDMA frames with normal bursts + 2 SACCH/T or idle TDMA frames + 1 TCH time slot.  

Trxproc
Processing delay required to perform the channel equalization, the channel decoding and SID-frame detection.

Tabisu
For FS speech = Time required to transmit the minimum number of speech data bits over the uplink Abis interface to start decoding a speech frame.  For Video Telephony = Time required to send first byte on Abis.  

Tproc
Processing delay required to perform the speech decoding.

Tbsc
Switching delay in the BSC (implementation dependent). Set to 0.5ms.

Tmsc
Switching delay in the MSC (implementation dependent). Set to 0.5ms.

Techo
Delay induced by the echo canceller (implementation dependent). Set to 1ms.

Tmsc
Switching delay in the MSC (implementation dependent). Set to 0.5ms.

Tbsc
Switching delay in the BSC (implementation dependent). Set to 0.5ms.

Tsps
Worst case processing delay required by the downlink speech encoder before an encoded bit can be sent over the Ater/Abis interface taking into account the speed on the Ater/Abis interface (implementation dependent). 

Tabisd
For FS speech = Time required to transmit the minimum number of speech data bits over the downlink Abis interface to start encoding a radio speech frame.  For video telephony = Time required to transmit the 1280 bits corresponding to two radio frames (20 ms). Half of the bits will be sent during one time slot (0.577 ms) and the second half in the following frame. This means that the time delay introduced is 20-0.577 ms=19.423.

Tbuff
For FS speech = Buffering time required for the time alignment procedure for the in-band control of the remote transcoder. For video telephony = Worst case misalignment of 20 ms speech frame with downlink air interface 20 ms frame

Tdemultiplex
Delay due to H.223 demultiplex.

Tdecompr
Audio decoding processing time.

Td/a
Delay in the digital to analogue converter in the downlink (implementation dependent). 
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