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1 Introduction
As part of the Study Item on “Improved Video Coding Support” (S4-100379) benefits and deployment scenarios of both scalable and non-scalable video based on H.264/AVC are evaluated. 
A use case considered in the Study Item is graceful degradation for MBMS streaming services.
In this contribution, a test system for graceful degradation for MBMS is presented. Quality metrics for degraded video are discussed. Furthermore, test results for graceful degradation in MBMS

are given.    

2 Test system
[image: image1.emf]Slide title 

32 pt

Text

24 pt

Bullets level 2-5

20 pt

›

!"# $%&'()*+,-

./0123456789:;<=>?@ABCD

EFGHIJKLMNOPQRSTUVW

XYZ[\]^_`abcdefghijklm

nopqrstuvwxyz{|}~¡¢£¤¥

¦§¨©ª«¬®¯°±²³´¶·¸¹º»¼½ÀÁÂ

ÃÄÅÆÇÈËÌÍÎÏÐÑÒÓÔÕÖ×ØÙ

ÚÛÜÝÞßàáâãäåæçèéêë

ìíîïðñòóôõö÷øùúûüýþÿĀ

āĂăąĆćĊċČĎďĐđĒĖėĘęĚ

ěĞğĠġĢģĪīĮįİıĶķĹĺĻļĽľŁłŃ

ńŅņŇňŌŐőŒœŔŕŖŗŘřŚ

śŞşŠšŢţŤťŪūŮůŰűŲųŴŵ

ŶŷŸŹźŻżŽžƒȘșˆˇ˘˙˚˛˜˝Ẁẁẃ

ẄẅỲỳ–—

‘’‚“”„†‡•…‰‹›⁄€™−≤≥ﬁﬂ

Do not add 

objects or text in 

the footer area

Video encoding & 

packetization

RTP-packets

audio

loss pattern

MBMS

ChannelSimulator

Streamparser

1 2 n

ProtClass

IP/UDP Paket

Generator with 

FEC

FEC

Analyzer

...

IP/UDP Pakets

Simulation

RTP-packets

video

Video

quality evaluation


Figure 1 Test system for graceful degradation in MBMS
A MBMS simulation chain has been built (Figure 1), which simulates transmission of video and audio data over multiple streams over one MBMS channel. Each of these streams can be protected with an MBMS standard compliant Raptor FEC by different code rates. The MBMS channel is simulated by using traces of MBMS loss patterns. The loss patterns contain transport block (TB) loss probabilities for different transmission powers and different bearer rates. Figure 1 shows the test system. The Raptor FEC needs a small amount of additional received symbol overhead λ for successful decoding. During the following simulations this overhead is set to λ = 3 % of the number of source symbols. One FEC code block extends over 2s considering the resulting bitrate after RTP encapsulation.
The size of a transport block (TB) is fixed to 82 Byte. The number of TBs in each TTI and the length of each TTI depend on the selected bearer rate. Due to common channel coding and interleaving of the TBs in a TTI, in our simulations either all TBs in a TTI are lost or all are not lost.. 
Table 1
 depicts the settings for each bearer rate.

	Bearer rate
	TTI duration
	TB Size
	TBs/TTI

	64 kBit/s
	80 ms
	82 Byte
	8

	128 kBit/s
	80 ms
	82 Byte
	16

	256 kBit/s
	40 ms
	82 Byte
	16


Table 1: MBMS parameters for simulating different bearer rates
The MBMS simulation is based on loss patterns measured in a simulated MBMS Rel-6 system for different transmission power and bearer rates. The main radio network simulation assumptions are listed in Table 2  Details of the simulation assumptions can be found in [3]. 500 users are dropped randomly and then traces are recorded for 40s while users are moving. As users move with only 3km/h, users move only a few 10s of meters, so considering the inter-site distance of 1500m users can be macroscopically regarded as stationary. Mainly the fast fading changes during a trace. 
Only the 128 kBit/s and 256 kBit/s bearers are used for the simulations. For the 128 kBit/s case we used loss patterns with transmission power from -13dB to -5dB (relative to Pmax=17.4W) and for the 256 kBit/s we used loss patterns with transmission power from -10dB to -2dB. Note that a double bearer rate requires approx. 3dB higher transmission power to provide similar loss behavior. 
	Property
	Value
	Remarks

	Cell layout
	Hexagonal grid, 3-sector
	

	Intersite distance
	1500 m
	

	Antenna model
	Max gain 18 dBi, electrical + mechanical tilt: 6 + 2 degrees
	Horizontal and vertical patterns

	Propagation model
	pathloss L=15.3 + 37.6*log10(D)
	D in [m]

L in [dB]

	Channel model
	Vehicular A, 3 km/h
	 

	BS maximum output power, Pmax
	17.4 W 
	non MBMS channels transmit are allocated as much power that the total output power reaches the maximum.

	Common Pilot Channel power
	10% of Pmax
	

	Soft combining
	enabled, maximum 3 cells
	


Table 2: Radio network simulation parameters

Depending on the selected bearer rate the data of the media stream is mapped on the MBMS transport blocks. The losses for each TTI are simulated by comparing a random value with the probability of the utilized loss pattern. If TTI is lost, all TBs of this TTI are lost too. 
Figure 2 depicts the mapping of the RTP packets into the MBMS transport blocks. First RTP packets are fragmented to fit the MTU size. The resulting RTP fragment units are packed together with the parity packets into IP packets. Then the IP packets are mapped into the transport stream of the MBMS service.
[image: image2.emf]TB TB TB TB TB TB TB TB

TTI

TB

... ...

TB size = 82 byte

Header

2s * rate 

34 byte

TB

TTI = 80 ms

RTP fragmented

packets

IP/UDP packets

MBMS transport 

blocks

RTP packets

Header Header

2s * rate 

Header

34 byte

Header

...

...

...

610 byte 610 byte 164 byte

12 byte

...

12 byte e.g. 1324 byte

592 byte 592 byte 140 byte

T

o

 m

a

t

r

ix

28 byte

Parity packets

Source packets

4 byte

 source FEC 

payload ID 

R

a

p

t

o

r

 

F

E

C

 

s

o

u

r

c

e

 

b

l

o

c

k

2s * rate 

6 byte

 repair FEC 

payload ID 

(e.g. MTU 

size 640 byte)


Figure 2: Mapping of RTP packets

.

3 Testsequences

Three different test sequences are considered for simulation where each of them containing an audio track. The associated properties are depicted in Table 2.
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For both H.264/AVC and SVC encoding the JSVM 8.8 software was used in the simulations. We used a hierarchical coding structure with a GOP size of 16 and an I-frame period of around 2 seconds. In the SVC encodings, we used SNR scalability with one MGS enhancement layer. The quantization parameters were selected such that H.264/AVC and SVC bit streams (including both base and enhancement layer) yielded similar PSNR values.
Audio encoding parameters are fixed for all sequences and test runs. The bit rate is set to 32 kBit/s and the sample frequency to 48 kHz.

Figure 3 and Figure 4 depicts the resulting bit rates for H.264/AVC and SVC with one MGS layer encoding.
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Figure 3: Video sequence parameters for H.264/AVC compliant base layer with GOP 16
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Figure 4: Video sequence parameters for SVC with 1 SNR layer with GOP 16

Figure 5 shows a comparison of the signaling header overhead between H.264/AVC and SVC. Due to the higher numbers of IP packets a header overhead up to 7% is observed for SVC.
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Figure 5: Signaling header overhead H.264/AVC vs. SVC

4 Transmission schemes
Six different transmission schemes are simulated. Two of them provide single layer and four multilayer transmissions. The issue is to compare different settings of multi layer transmission providing graceful degradation behavior by the use of application layer Raptor FEC or power spreading between the different video layers (2–6)  with single layer transmission with and without additional application layer FEC (1–2) . The abbreviations for each transmission scheme later used in the results section are:.
1. Single layer transmission  
( “SingleLayer”)
2. Single layer transmission with additional raptor FEC
( “SingleLayerFEC”)
3. Layered transmission with unequal error protection 
( “Unequal Error Protection” (UEP))
4. Layered transmission over different transmission power 
( “Unequal Transmit Power” (UTP))
5. Layered transmission over different transmission power and additional FEC ( UTP_FEC) 
6. Layered transmission over different transmission power and additional unequal error protection ( UTP_UEP)
Each transmission scheme has a certain transmission cost which is affected by the transmission power and the total content bit rate. As metric for the necessary transmission cost we define the “Used cell capacity” (Ucc) metric. A Ucc value of 1 means, that the full transmission capacity of a cell is necessary for transmitting one “Content channel” with the selected transmission scheme. A Content channel defines the transmission of one audio/video stream with the selected transmission scheme.

For instance, if Ucc value is about 0.3 there can be three “Content channels” with the same characteristic (bit rate) provided in a certain cell.
Used cell capacity (Ucc)
Percentage of total cell capacity used for transmission of one content channel

Example calculation with transmission scheme 6:  
powerx (x = layer): power1 = -5dB; power2 = -7dB
bit rate (including FEC): b1 = 194 kBit/s; b2 = 48 kBit/s;
Power fraction:
pf1 = 10 power1/10 = 10 -5/10 = 0.32;     
pf2 = 10 power2/10 = 10 -7/10 = 0.20
Percentage of cell capacity used for payload transmission = 80 % (20% pilots/control channels)
Bearer rate12 

= 256 kBit/s
· channels1 

= 80% / pf1 = 0.8 / 0.32 = 2.5
· channels2 

= 80% / pf2 = 0.8 / 0.20 = 4.0
· Total cell capacity1 
= channels1  * bearer rate1 = 2.5 * 256 kBit/s =   640 kBit/s
· Total cell capacity2 
= channels2  * bearer rate2 = 4.0 * 256 kBit/s = 1024 kBit/s
Percentage of used cell capacity1 = b1/Total cell capacity1 = 0.30
Percentage of used cell capacity2 = b2/Total cell capacity2 = 0.05
Ucc 
 = percentage of used cell capacity1 + percentage of used cell capacity2 = 0.35
Content channels = round( 1 / Ucc ) = 3

5 Quality metric

One major challenge is the quality evaluation of the received media stream. The Peak Signal to Noise Ratio (PSNR) measure is commonly used in the area of video coding. However, PSNR is not suitable for evaluating the effect of packet losses or freezing frames of a video. Taking into account the work in [1] and [2]  we defined appropriate objective quality categories from maximum to inacceptable quality based on three different measured values described below.
Measured values:
1. Lost video play out
percentage of freeze frame which reflects the amount of losses in the SVC base layer. 
( a value of 0.3 means 30 % of whole stream is affected by errors 
2. Lost audio play out
percentage of time where there is no audio
( a value of 0.3 means 30 % of audio is lost
3. Playoutframes with reduced quality
percentage of non decodable SNR layer without freeze frames
( a value of 0.3 means 30 % of all non referenced frames are lost
The four introduced quality categories try to reflect the scalability behavior using SVC with one SNR layer. The user experiences the appropriate quality if the already described metrics lie in the following defined ranges.

Four quality categories:
1. Maximum:
Lost video play out 



< 0.02 &&
Lost audio play out 



< 0.02 &&
Playoutframes with reduced quality

< 0.02
2. Medium:
Lost video play out 



< 0.02 &&
Lost audio play out 



< 0.02 &&
Playoutframes with reduced quality

< 0.7
3. Minimum:
Lost video play out 



< 0.1 &&
Lost audio play out 



< 0.1 &&
Playoutframes with reduced quality

<= 1
4. Inacceptable:
Lost video play out 



>= 0.1 ||
Lost audio play out 



>= 0.1 
To get an overview of the received quality in a transmission cell, we define the “Coverage” metric which shows the percentage of users receiving at least a certain quality.

Example:
250 out of the total of 500 users achieve constraints of medium quality ( Coverage of simulated transmission scheme at medium quality is 50 % coverage

6 Simulation results 

For SVC, two layer transmission schemes are applied whereas audio and video base layer belong to one transmission layer (with higher FEC protection and/or higher transmission power) and the video SNR layer to another transmission layer.
For the different transmission schemes, FEC code rates (in the range between 0.4 and 1.0) and transmission power levels are varied. The plots in this section show coverage at the y-axis and Ucc at the x-axis. 
Results are given for the sequence “Reuter”. For the other sequences the results are quite similar.

Figures 6-8 show the results for all transmission settings for each quality category. As expected, the coverage of maximum quality is highest for the single layer case with FEC protection i.e. using H.264/AVC. In case of medium and minimum quality the coverage of multi layer transmission using SVC is not higher than the coverage of single layer transmission using AVC. Most likely this is due to the lower coding efficiency of SVC compared to AVC. Furthermore, the SVC packetization overhead is another reason.
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Figure 6: Coverage of maximum quality sorted by transmission schemes
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Figure 7: Coverage of medium quality sorted by transmission schemes
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Figure 8: Coverage of minimum quality sorted by transmission schemes

7 Proposal
For investigations on graceful degradation for MBMS using scalable and non-scalable video codecs, the following points need to be addressed: 

· The simulation should include RTP packetization. The RTP overhead is not negligible. 
· A suited quality metric is needed since PSNR is unfeasible for the case of video sequences with errors and freezing frames.
· The bit rates for audio transmission should be considered in the experiments as well.

It is proposed to add the obtained experimental results to the new TR about Improved Video Coding Support.
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Resolution�
Frame rate�
Number of frames�
�
wineyard�
qCIF (176x144)�
25 Hz�
1617�
�
stronger�
qCIF (176x144)�
25 Hz�
1617�
�
reuter�
qCIF (176x144)�
12.5 Hz�
317�
�
Table � SEQ Table \* ARABIC �2�: Properties of simulated video sequences
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