3GPP TSG-GERAN Meeting #19





    Tdoc GP-041060
Cancun, Mexico, 19 – 23 April 2004
Agenda item: 7.1.5.7

Source: Siemens


Evaluation of Forward Error Correction Schemes for MBMS based on MPEG-4
1. Introduction

At GERAN#18 we showed an MPEG-4 evaluation campaign accompanied by a demonstration of the service quality at the receiver, applying different Forward Error Correction strategies for MBMS delivery over a p-t-m connection [1]. The contribution was well received by some operators and we decided to repeat it taking into account comments from other companies in particular to model the service at worse channel conditions. We thus selected different system parameters, which are listed in sections 2.1 and 2.2 below. The service quality was again assessed by objective and subjective measurements, see sections 2.3 and 2.4.  A service demonstration is again accompanied with this contribution. 

2. Service Quality Evaluation
2.1 Overview

The service quality evaluation campaign is shown in Fig.1 .
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Fig.1: Service quality evaluation campaign for MPEG-4 transport over GERAN.

First a high quality video consisting of a video sequence and an audio sequence (see table 1) are encoded into one MPEG-4 video and one MPEG-4 audio stream, see Tab. 1. With regard to [1] a reduced video codec rate of 38 kbit/s compared to 48 kbit/s in [1] has been selected. This provides still reasonable video quality and can be encoded within 3 DL timeslots. The audio codec rate is unchanged.
	Sequence    
	Audio – 16 kbits/s
	Video – 44 kbits/s

	Original sequence
	44,1 kHz

16 bit, Stereo


	Size: 176 x 144 (QCIF)

Video Frame Rate: 10 frames per second



	Encoded sequence
	Format: AAC 

16 kHz

16 bit, mono

Rate: 15,2 kbps
	Format: MPEG4 Video Simple Profile (QuickTime Codec).
Rate: 38 kbps

PSNR: 30.73 (compared to 31.7 for video codec rate of 48 kbps in [1] 
Variable bit rate (VBR) mode. 38 kbit/s. Total bit rate required including all header: 44 kbps 
Maximum RTP packet size: 1400 bytes.

I-VOP at least every 2.5 s. Medium video quality, poor rate control.


Tab. 1: Characterisation of video and audio streams.

Then both streams are separately conveyed over the GERAN air interface utilising either a repetition scheme (configuration 1) or outer coding scheme (configuration 2) at  RLC layer as depicted in Tab. 2.  

	                            Sequence

RLC Configuration    
	Audio – 16 kbits/s
	Video – 44 kbits/s

	Repetition scheme
	1 timeslot. 3 repetitions. MCS-8 with IR.@ C/I=10dB. 
	3 timeslots. 2 repetitions. MCS-6 with IR.@ C/I = 10dB.

	Outer coding scheme
	1 timeslot. RS(88,64). 
MCS-5 @ C/I = 10dB.
	3 timeslots. RS(96,64). MCS-5 @ C/I=10dB. 


Tab. 2: Configuration of the GERAN RLC layer utilising repetition or outer coding scheme.
Note, both evaluated outer coding schemes for audio - RS(88,64) - and video – RS (96,64) - identify the MBMS coding schemes 5 and 6 which are proposed to be included in the MBMS Stage 2 TS [2]. Compared to [1] the C/I is lowered to 10 dB, resulting in a reduction of about 5 dB compared to [1]. The GERAN RLC layer simulation is depicted in more detail in section 2.2.

The receiver, i.e. the MS, decodes both MPEG-4 streams erasing all RTP packets with corrupted UDP checksum and determines the PSNR (pseudo-SNR) ratio. Note, a PSNR ratio of 30 or more usually leads to sufficient service quality.
The demonstration shows the service quality of following stages in Fig. 1:

1) Original video and audio sequence (not demonstrated)
2) Video and audio sequence after MPEG-4 encoder

3) Video and audio sequence after MPEG-4 decoder (repetition scheme at RLC)

4) Video and audio sequence after MPEG-4 decoder (outer coding at RLC)

2.2 GERAN RLC Layer Simulation 

This section depicts the modelling of the RLC layer used for the MPEG-4 transport over GERAN. As decided during GERAN#17 the coding schemes are based on EGPRS, MCS-5 and MCS-8 being used. In contrast to [1], where a good radio channel with a  C/I ratio around 15 dB was considered including shadow fading with 6 dB standard deviation , now a fixed C/I ratio of  10 dB for a channel with poor radio conditions has been assumed, excluding shadow fading. A block diagram of the GERAN RLC layer simulation is shown in Fig. 2.

[image: image2]Fig. 2: GERAN RLC layer simulation block diagram.
In contrast to [1], the video is transported over 3 timeslots for both options. A two-stage approach was selected to evaluate the service quality of MPEG-4 multimedia traffic. The lower stage, the RLC layer simulation, creates LLC error patterns separately for audio and video stream, which are used at the upper stage, including MPEG-4 encoder and decoder, before the MPEG-4 decoder. The changed simulation parameters of the RLC layer and the LLC layer can be found in Tab.3.

	No. of RLC/MAC blocks simulated
	Approximately 5000.

	Logical channels
	Pseudo-dedicated. No Feedback

	QoS
	Target SDU FER of 10-2 for both audio and video.

	Video/Audio multiplexing
	Video and audio are transported on separate timeslots. Multiplexing and synchronisation is achieved at the application (RTP) layer.

	Radio Channel Profile
	TU 3 with ideal frequency hopping. Fixed CIR of 10 dB.

	Multislot traffic channel
	High fading correlation between slots. The same interference is assumed for both timeslots.

	Error Protection
	Equal Error Protection (EEP).

	Link Adaptation
	None.

	Header Compression
	No header compression. 40 byte RTP/IP/UDP header.

	SNDCP functionality
	SNDCP header: 2 bytes

	LLC functionality
	LLC is operated in unacknowledged mode. LLC header size: 2 bytes. FCS: 3 bytes. 

LLC frame concatenation. Frames discarded after an LLC discard time of 3 seconds. Frames which are in the process of being transmitted are not discarded even if their lifetime exceeds the LLC discard time. Buffer size = 4 LLC frames.


Tab.3:  Simulation parameters for RLC and LLC layer.
2.3  Service Quality Measurements 

The service quality was again measured in terms of PSNR as well as in terms of audio and video frame losses for the demonstration video described in section 2.4 . These are depicted in Tab. 4a for the repetition scheme at RLC and in Tab. 4b for the outer coding scheme.

	Sequence
	Audio – 16 kbits/s
	Video – 44 kbits/s

	Audio packet loss / 
	7.1 %  (54 of 760)
	-

	Video frame loss
	-
	27.7 %  (135 of 487)

	PSNR
	-
	14.16


Tab. 4a: Service quality for MPEG-4 video and audio at receiver (repetition scheme at RLC layer).

	Sequence
	Audio – 16 kbits/s
	Video – 44 kbits/s

	Audio packet loss / 
	2.2 %  (17 of 760)
	-

	Video frame loss
	-
	2.7 %  (13 of 487)

	PSNR
	-
	29.5


Tab. 4b: Service quality for MPEG-4 video and audio at receiver (outer coding scheme at RLC layer).

2.4  Subjective Results 

The same company internal video sequence of 48 seconds as provided at GERAN #18 [1] was selected. The first sequence, the MPEG-4 encoded video stream (signal 2 in Fig.1) with 38 kbps codec rate shows quantisation structures (squares) especially for the fast moving sequences. However with regard to the previously at 48 kbps encoded sequence in [1] no real degradation of the video could be identified, although the quantisation structures seem a little less in the latter case. 

Again the great difference in PSNR as well as that one in video but also for audio frame rate loss for both investigated RLC configurations depicted in section 2.3 consequently leads to different observed video and audio quality. 
For audio, configuration 1 utilising the repetition scheme leads to one instant disruption nearto the end of the video (@T=43 sec) , whilst configuration 2 has a serie of 3 to 4 disruptions between (T=38…40 sec). However configuration 1 exhibits also several audio repetitions (@T=6,10,17,34,36,39,40 sec) which degrade the audio considerably, make it more artificial and lead to the higher loss rate as shown in section 2.3 for the repetition scheme.
For video, configuration 1 has severe degradations throughout the entire sequence, in that it would be catastrophic for the user’s perception. The errors are so dramatic that the color vector is affected and the video displays an entire green screen, where the real sequence cannot be estimated anymore by the user for a duration of the first 17 seconds. After this the video succeeds to recover at a slow moving sequence, but already 3 seconds later the video quality is degraded by superpositions of different video frames. Thereafter (@T=30 sec) until the end of the video, the video sequence is strongly degraded by video artefacts. There are only some minor seconds af correct video display. The user gets only information via the audio channel. Thereagainst configuration 2 leads to rather good received video quality without major disruptions keeping the sequence smooth. Merely at the mid of the sequence (@T=19 and 27 sec) false video frames are inserted due to video frame loss, which degrades the perceived quality. However we have found out that this is actually a problem of the video decoder of the QuickTime Codec decoder which is not very robust and does not insert in all cases the last video frame if the actual video frame fails. Hence video frames which are not fitting into the sequence are then inserted, which happens for configuration 2 twice and also for configuration 1, but is overlayed due to video artefacts or green screen. Note a powerful decoder would not exhibit this false behaviour. Hence utilisation of outer coding leads to a noticeable improvement of both the video and audio quality in the examined scenario. Tab. 5 contains a summary of the experienced degradation of the service quality for both investigated configurations.
	Sequence
	Configuration 1
	Configuration 2

	Duration of audio packet loss  
	1 sec 

(T=43s)
	2 sec 

(T=38,39s)

	Audio repetitions
	noticible

(7)
	not noticible

	Duration of bad video service quality (video artefacts, full image loss, false frame insertion)
	> 40 sec
	2 sec  (false video frames)

(T=19,27s)


Tab. 5: Experienced degradation of the service quality for both investigated configurations.
Also in case of poor channel conditions, outer coding hence reduces the periods of bad service quality by far. Both video and audio remain acceptable for the user, which is clearly not the case for the repetition scheme, where only the audio service is acceptable.

3. Conclusions
This contribution accompanied by another demonstration of a MBMS candidate service, the MPEG-4 multimedia stream, has again shown benefits related to service quality due to the utilisation of outer coding. As found for a good radio channel in [1] outer coding is also superior over a repetition scheme in case of a poor radio channel with a mean C/I of 10 dB. Moreover the repetition scheme cannot transport the video information at all. Thus this contribution confirms that outer coding is the only solution that operates satisfactory for the given poor channel conditions. 
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