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1. Introduction
In SA4#93, SA4 has initiated the FS_FEC_MCS study item about the applicability of FEC schemes to mission critical services, in particular for MCVideo.
2. Reason for Change
This pCR introduces a FEC evaluation procedure for MCVideo, following the path of 3GPP TR 26.947. It provides a list of use cases to be tested, a simulation procedure, and a tool to generate loss traces.


NOTE: "LossGenerator.java" and "Random.java" mentionned in XY.1 are not available yet.
3. Conclusions

<Conclusion part (optional)>

4. Proposal

It is proposed to agree the following changes to 3GPP TR 26.881
* * * First Change * * * *

X FEC Evaluation Procedure for MCVideo
X.1
Introduction

An Evaluation Procedure is defined for FEC evaluation and selection. This includes procedures to measure theoretical FEC code performance, FEC performance in 3GPP services as well as high-level and detailed decoder performance.
X.2
Simulation Conditions

X.2.2
Simulation conditions and assumptions

The simulation conditions for LTE-based MBMS are provided in Table X.2.2-1.

Additional details on the simulation methodology are provided in Annex XX and should be used as guidelines for simulations.
As mentionned in 7.3, FEC for urgent MCVideo communications shall not add too much latency to let glass to glass latency under 1 seconds. The latency budget for FEC mostly depends on the video player buffer duration which is implementation specific. This study evaluates FEC for MCVideo for 2 latency budget value: 240ms and 480ms.
Table X.2.2-1: Simulation Conditions for LTE-based MBMS

	LTE eMBMS Streaming (MCVideo)
	

	
	Bearer rates
	398.4 kbit/s, 796.8 bit/s

	
	RLC-SDU size
	498, 996 bytes

	
	Loss Model
	Markov

	
	MCS
	9

	
	RLC-PDU period
	1 or 2 RLC-PDU every 10ms

	
	Speed
	3 km/h, 120 km/h

	
	MAC-PDU loss probability
	1%, 5%, 10% 

	
	Content length
	24 hours of media content

	
	Media rates
	Varied by steps, assuming only a single media stream with constant bitrate

	
	FEC overhead
	Varied to sum FEC and Media to equal bearer rate

	
	Source packet RTP payload size
	398.4 kbit/s: 454, 952 bytes

796.8 bit/s: 952 bytes

	
	IPv4/UDP/RTP header/FEC footer (NOTE)
	44

	
	Latency budget
	240, 480 ms


X.3
MCVideo Performance

For MCVideo, as a suitable measure it was considered to evaluate the maximum supported Media Rate (kbit/s) for a residual packet loss rate of 10-3. 

For MCVideo services simulation we assume the following:

-
All source RTP packets and UDP repair packets have the same total SDU size (498 bytes, if one PDU per SDU or 996 bytes, if 2 PDU per SDU) and number of symbols G: this is not exactly true, but it is considered sufficient FEC code evaluation.

-
Receiver working memory is large enough to decode the highest bitrate with the longest decoding window.

-
Total bitrate of source data plus repair is always matched to the bearer rate. Consequently, the PDU loss transcript is always the same for a given stream duration and fixed SDU size, only amount of repair and the associated maximum possible streaming rate are changing.
The simulation conditions as provided in Annex XX of the present document are be applied.
In addition, the following parameters are reported:

· The symbol size, T, in bytes

· The number of symbols per packet, G

And for block coding schemes:

· The source block size K
· The number of encoding symbol per block N
· The scheduling mode M (D: "block – DURING" / B: "block – BEGINNING", see 7.2)
The stream total duration is 24 hours and target residual loss rate is set to 10-3.
Table X3.2-1 provides a reporting format for MCVideo test cases.

Table X3.2-1: Maximum supported Media Rate (kbit/s)

	Test Case
	Error conditions
	Latency budget (ms)
	Num PDU per packets
	Bearer Bitrate (kbit/s)
	Supported Media Bitrate
	[T; K; N; G ; M]

	VID1
	Markov, 3 km/h, 1%
	240
	1
	398.4
	 
	 

	VID2
	
	240
	2
	398.4
	 
	 

	VID3
	
	240
	1
	796.8
	
	

	VID4
	Markov, 3 km/h, 1%
	480
	1
	398.4
	 
	 

	VID5
	
	480
	2
	398.4
	 
	 

	VID6
	
	480
	1
	796.8
	
	

	VID7
	Markov, 3 km/h, 5%
	240
	1
	398.4
	 
	 

	VID8
	
	240
	2
	398.4
	 
	 

	VID9
	
	240
	1
	796.8
	
	

	VID10
	Markov, 3 km/h, 5%
	480
	1
	398.4
	 
	 

	VID11
	
	480
	2
	398.4
	 
	 

	VID12
	
	480
	1
	796.8
	
	

	VID13
	Markov, 3 km/h, 10%
	240
	1
	398.4
	 
	 

	VID14
	
	240
	2
	398.4
	 
	 

	VID15
	
	240
	1
	796.8
	 
	 

	VID16
	Markov, 3 km/h, 10%
	480
	1
	398.4
	 
	 

	VID17
	
	480
	2
	398.4
	 
	 

	VID18
	
	480
	1
	796.8
	 
	 

	VID19
	Markov, 120 km/h, 1%
	240
	1
	398.4
	 
	 

	VID20
	
	240
	2
	398.4
	 
	 

	VID21
	
	240
	1
	796.8
	 
	 

	VID22
	Markov, 120 km/h, 1%
	480
	1
	398.4
	 
	 

	VID23
	
	480
	2
	398.4
	 
	 

	VID24
	
	480
	1
	796.8
	 
	 

	VID25
	Markov, 120 km/h, 5%
	240
	1
	398.4
	 
	 

	VID26
	
	240
	2
	398.4
	 
	 

	VID27
	
	240
	1
	796.8
	 
	 

	VID28
	Markov, 120 km/h, 5%
	480
	1
	398.4
	 
	 

	VID29
	
	480
	2
	398.4
	 
	 

	VID30
	
	480
	1
	796.8
	 
	 

	VID31
	Markov, 120 km/h, 10%
	240
	1
	398.4
	 
	 

	VID32
	
	240
	2
	398.4
	 
	 

	VID33
	
	240
	1
	796.8
	 
	 

	VID34
	Markov, 120 km/h, 10%
	480
	1
	398.4
	 
	 

	VID35
	
	480
	2
	398.4
	 
	 

	VID36
	
	480
	1
	796.8
	 
	 


The figure X3.2-1 illustrates the different modes of packet scheduling, according the bitrate and the packet size: 
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Figure X3.2-1: packet scheduling within MCvideo use cases
* * * Next Change * * * *

Annex XX
Simulation Conditions

XX.1
Simulation Procedure for MCVideo
The streaming simulation procedure for block schemes:

· Select a streaming service with source data rate and stream duration 

· Generate IP packet loss transcripts, one per user, with mapping algorithm according to the access technology and the IP packet size according to the table. The transcript length has to be long enough to cover transmission of the whole stream duration. 

· For block schemes, compute the number of packets per block (numP) for the given latency budget: 

· Block-BEGINNING mode : numP =  (Bitrate * Latency Budget)  / packet size

· Block-DURING mode : numP =  (Bitrate * Latency Budget) / (2 * packet size)

· Compute number of symbols N per block for FEC under consideration (N = numP * G)

· R = 0, the number of repair symbols per block
· Loop 1: Until number of segment in error E is less than target error maxE do:

· K = N – R, where K = number of symbols for block 

· For all segments in stream do:
· Send next SDU (NOTE 1)
· If SDU is received according to loss transcript A, record corresponding ESI as received (NOTE 2)
· When all symbols of one block have been sent, try decoding the block with the set of received ESI for this block
· If not successful, E = E + num source symbols not received
· If E > maxE, R = R + 1, restart Loop 1

· Record last value of K as maxK

· Report maximum streaming rate as (G*K*T*8 / latency budget for  Block-BEGINNING mode, and G*K*T*8*2 / latency budget for Block-DURING mode) where T is the symbol size.

Note 1: 
according the mode (Block-BEGINNING, Block-DURING, one or two FIFO queues must be managed.

NOTE 2:  When SDUs are sent over two PDUs, the SDU is lost if one of the 2 following PDU in the loss transcript is lost.
* * * Next Change * * * *

Annex XY:
Tools for evaluation

XY.1
Generate Markov Traces

The attached java code "LossGenerator.java" and "Random.java" may be used to generate the loss traces independently. 
This code is directly evolved from 3GPP TR 26.947 [17]. The only change is the new parameter nSubframe, indicating the number of subframes per frame, allocated for the given MBMS bearer.

The java trace file can be executed as follows:

java LossVectorGenerator p q gBLER bBLER nSubframe subsamp n seed offset vectorfile

with:

p (transition probability from good to bad state)

q (transition probability from bad to good state)

gBLER (BLER for the good markov state)

bBLER (BLER for the bad markov state)
nSubframe (number of subframes allocated per frame)
subsamp (subsampling for markov trace)

n (length of the vector to be generated)

seed (for the prng)

offset (iterate n times before generating the vector)

vectorFile (file name where to output the vector)

Table XY.1 provides the instructions how to generate the error traces for the streaming test cases.

Table XY.1 Markov Trace generation for streaming test cases

	Test Case
	Error conditions
	Test Script parameters

	VID10
	Markov, 3 km/h, 5%
	0.0180 0.2401 0.0006 0.7054 1 1 180000 0 0 errortrace_vid10.txt

	VID11
	
	0.0180 0.2401 0.0006 0.7054 1 1 180000 0 0 errortrace_vid11.txt

	VID12
	
	0.0180 0.2401 0.0006 0.7054 2 1 180000 0 0 errortrace_vid12.txt

	VID25
	Markov, 120 km/h, 5%
	0.2707 0.7095 0.0000 0.1954 1 1 180000 0 0 errortrace_vid25.txt

	VID26
	
	0.2707 0.7095 0.0000 0.1954 1 1 180000 0 0 errortrace_vid26.txt

	VID27
	
	0.2707 0.7095 0.0000 0.1954 2 1 180000 0 0 errortrace_vid27.txt


