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1 Introduction

In this document we present the results of the core experiment on granular quality scalability according to the conditions given in Doc. Q15-J-70 [1]. The goal of this experiment is to evaluate the functionality and coding efficiency of the proposed quality scalable (QS) coder [2] in comparison with the simulcast method for a multicast or broadcast scenario. 

Evaluation in terms of functionality has been performed by using different channel models with time-varying bandwidth. Artificial channel conditions and more realistic GPRS-scenarios were examined. Coding efficiency has been evaluated by means of coding simulations with constant bitrate over time.

A detailed technical description of the QS-coder can be found in [2]. All simulation results were obtained by using the software submitted in [3].

2 Simulation scenarios and conditions

2.1 Multicast scenario

In the multicast scenario a single server provides the same video content for multiple users. Since different users may have different needs and different access technologies, the problem arises how to provide each user with the best attainable quality according to his individual needs and conditions. The large spectrum of individually available bandwidth and heterogeneous channel characteristics which in addition may vary in time impose another severe problem to this scenario, since there is no feedback channel between the transmitter and the receiver. One possible solution to these given problems is to encode the video for a set of predefined bitrates from which the individual user may choose the best possible subset. However, the composition of an adequate set of rates is by no means a trivial task, since there is only a limited set of possible combinations and the trade-off between high- and low-end receivers has to be considered. This will be described in more detail in the next section where we present a short discussion of the underlying simulcasting technique.

Alternatively, by using the proposed quality scalable approach, it is very easy to satisfy the constraints on the bitrate range, while delivering video with graceful changes of quality within the given bitrate range. In section 2.3, we will give a brief explanation how this method works and what kind of benefit it provides in our considered scenario of multicasting.
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Fig. 1 : Example of  a partition of a given fixed total bitrate in 2 or 3 parts 
2.2 Simulcast technique

Simulcasting of multiple bitstreams is a method which can be used in the above described multicast scenario. Each of the independently encoded bitstreams represents the same video content at a different target bitrate and the bitrates of all bitstreams have to cover the overall bitrate range, which, in turn, depends on the application (i.e. transmission or storage bandwidth). The number of bitstreams which could be generated depends on the total bandwidth range and on the lower end of the bandwidth range. Fig.1 illustrates an example, in which the maximum total bandwidth and the minimum bitrate are supposed to be 128kbits/s and 32 kbits/s, respectively. For the 2-layer simulcast scenario, these constraints result in the decomposition of 2 bitstreams with 32 and 96 kbits/s. Since the difference in bitrate between these two bitstreams is very high, it is likely that there is a great difference in quality of the related reconstructions.

So, the idea is to split the remaining bitrate of 96 kbits/s further into 2 bitstreams which leads to the 3-layer simulcast composition. However, there is only a small set of useful combinations, since we have to provide as a second layer (part 2) a bitstream with a bitrate greater than that of part 1 (32 kbits/s) but smaller than 48 kbits/s, which is half the remaining bitrate. Note, that the actual choice has to be somewhere in between these both extremes which leads to the natural choice of 40 kbits/s for part 2, such that for the third layer there is a remaining bitrate of 56 kbits/s as shown in Fig. 1. For this 3-layer simulcast composition, the expected quality changes are smoother, so that the switches between the bitstreams may no longer be noticeable. Note however, that another partitioning step of the remaining bitrates is not possible in this example.

Another important issue is to minimize the delay for switching between the different qualities. For switching from lower to higher quality, an I-frame has to be inserted in the higher quality bitstream(s) with an appropriate frequency. To allow an instantaneous switch from a higher to a lower quality in the simulcast-scenario, we must assume that we have the same number of decoders as the number of different quality layers running in parallel at the receiver. Otherwise, the receiver has to freeze the last decodable frame until the next I-frame in the lower quality bitstream shows up. Thus, we also need a continuous I-frame refresh for the lower quality bitstreams in the latter scenario of non-parallel decoding.

In a realistic mulitcast scenario, we also have to support random access capabilities and to guarantee resynchronization at appropriate chosen time intervals. To simplify the discussion, we assume that the latter time intervals are of the same length as the maximum length of interval to switch from one quality to another, so that we can operate in our simulations with a fixed chosen I-frame refresh rate.
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Fig. 2 : Example of  a partition of a given fixed bitrate in a BL-stream and scalable EL-stream

2.3 Quality scalability with fine granularity

The quality scalable approach consists in generating a base-layer (BL) to meet the lower bound of the bandwidth range and, on top of that, an enhancement layer (EL) to meet the total bitrate constraint. As depicted in Fig. 2 for our toy example, the video quality provided by the BL-bitstream at a fixed minimum bitrate can be enhanced in a fine granular way by adding parts of the EL-bitstream with arbitrary length until the upper bound of the bandwidth range is exhausted. This allows us to meet exactly any desired or instantaneous bitrate within the given constraints. For more details, the reader is referred to [2]

 REF _Ref491150828 \r \h 
[5].

Thus the main design advantage of the QS-coder in comparison to the simulcast technique is its ability to provide a fine granular scalability with respect to quality, whereas the simulcast method delivers only a limited number of discrete quality jumps. Consequently, there is no need for additional I-frames to switch from one quality to another in the case of using the quality scalable approach.

Another advantage of the QS-coder is that it allows a separation between the tasks of encoding and trans​mission in the sense, that on the one hand, encoding can be performed without knowing the exact transmission conditions and, on the other hand, transmission need not to be aware of the encoding conditions, since the EL-bitstream can be transmitted at any bitrate without the need for transcoding.

Furthermore, the quality scalable scheme can be interpreted as some kind of data partitioning scheme with a priority setting that provides a better error resilience in the case of packet loss. Thus, the QS-coder fulfills the requirements of a network friendly video coding scheme which can be further enhanced by using associated error protection schemes for lossy packet networks [4].

3 Evaluation of the benefit of the functionality of the QS-coder

3.1 Test conditions

In this experiment we assume a channel with time-varying bandwidth. Two different models have been considered: an artificial ramp and a simulation of a GPRS (General Packet Radio Service) channel.

Two types of ramp functions were used:

· ramps, where the available bitrate starts at a fixed minimum bitrate (BL or Part 1 in simulcast), increases up to a maximum bitrate (at half of the coded frames) and then again decreases down to the minimum.  

· inverse ramps, similar to the former case with the only difference that the available bitrate starts with the maximum and then decreases.

The GPRS scenario is based on a simulation of a GPRS mobile receiver on a mobile radio channel with the effects of fading. The scenario covers a time period of 120 seconds, such that an instantaneous bitrate is given for every 1/30 of a second. Instead of clipping the data according the sequence length, the runtime of the simulation was increased by mirroring the test sequences.

Channel quality and bitrates vary over time, sometimes even resulting in a complete loss of data throughput. An ARQ scheme has been applied to provide an error-protected stream of data, such that a peak bitrate of about 115kbits/s is attainable. The GPRS simulations have been provided by Thomas Stockhammer from Munich Technical University.

For both channel models, the I-frame frequency was fixed at 1 Intra/s for all experiments. No advantage has been taken of the fact that the QS-coder needs no switching points in form of additional I-frames. Hence, the base layer generated for the QS-coder was exactly the same as the lowest quality stream used for both simulcast scenarios. Fig. 8 in Appendix I shows the default settings for encoding the BL. For the generation of TML-3 bitstreams with  fixed bitrate, we implemented a simple rate control mechanism which is described in more detail in Appendix II.

3.2 Results 

The graphs presented below are only a small collection of the whole set of graphs generated from the results of this experiment (see the associated Excel file). 

The comparison between our proposed QS-coder and simulcast shows that the QS-coder achieves a performance gain of up to 1 dB on the average for the time-varying channel model of a ramp (cf. Fig. 3 and 4). Due to its nature, the QS-coder provides a graceful change in quality over time, while simulcast generates quality jumps of up to 4 dB at the switching points. Even so it is an artificial scenario, it shows that the QS approach offers a better quality at transition points in a time-varying bitrate scenario.

For the GPRS scenario, the QS-coder shows a better performance than simulcast-2 on the average. In Fig. 5 the results of our simulations for the Foreman-sequence in QCIF-resolution are shown, where we achieved an average gain of about 0.5 dB. This gain is mainly due to the ability of the QS-coder to provide an increase in quality with respect to the BL as long as the instantaneous bitrate is above the BL bitrate (cf. Fig. 5). However, in case of a channel bitrate below the BL bitrate, both coders have to freeze the last decodable picture until the channel conditions allow an I-frame refresh in the BL.
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[image: image5.wmf]SIMULCAST, stream bit rate, sequence "news" (36, 60kbit/s)
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[image: image6.wmf]SIMULCAST vs. FGS, PSNR, sequence "news" (36, 60kbit/s)
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[image: image7.wmf]SIMULCAST vs. FGS, PSNR, sequence "news" (36, 60kbit/s)

28

29

30

31

32

33

34

35

36

1

11

21

31

41

51

61

71

81

91

pic no.

PSNR Y, total

Base layer performance (36kbit/s)

Parallel decoding of streams: OFF

Parallel decoding of streams: ON

FGS enhancement layer

[image: image8.wmf]SIMULCAST, stream bit rate, sequence "foreman_mpg4" (128, 170, 214kbit/s)
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[image: image9.wmf]SIMULCAST vs. FGS, PSNR, sequence "foreman_mpg4" (128, 170, 214kbit/s)
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[image: image10.wmf]SIMULCAST vs. FGS, PSNR, sequence "foreman_mpg4" (128, 170, 214kbit/s)
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[image: image11.wmf]GPRS Scenario, SIMULCAST, stream bit rate, sequence "foreman" (36, 60kbit/s), 5 sec buffer
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[image: image12.wmf]GPRS Scenario, SIMULCAST vs. FGS, PSNR, sequence "foreman" (36, 60kbit/s), 5 sec buffer
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[image: image13.wmf]GPRS Scenario, SIMULCAST vs. FGS, PSNR, sequence "foreman" (36, 60kbit/s), 5 sec buffer
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4 Evaluation of coding efficiency of the QS-coder

4.1 Test conditions

In Table 1, the complete list of the test sequences and their corresponding test conditions used for our simulations is given. The test sequences are divided into three classes depending on the resolution and the chosen base layer bitrate. For each test sequence, both a 2- and a 3-layer simulcast scenario have been considered, where the chosen parameters were adapted to the complexity of the given test sequence. 

The I-frame frequency was fixed at 1 Intra/s for all experiments. The base layer used for the QS-coder was exactly the same as the lowest quality stream used for both simulcast scenarios. Fig. 8 in Appendix I shows the default settings for encoding the BL. TML-3 bitstreams with  fixed bitrate were obtained by using the rate control mechanism, as described in Appendix II.

	Sequences
	carphone, foreman,silent 
	coastguard, carphone, 
	mobile, tempete

	 
	news, container,coastguard
	paris
	 

	Resolution
	qcif (176x144)
	cif (352x288)
	cif (352x288)

	Frame rate
	10 fps
	10 fps
	10 fps

	Base layer bitrate
	32 kb/s
	128 kb/s
	256 kb/s

	EL bits (additional)
	32, 64, 96, 128 kb/s
	128, 256, 384, 512 kb/s
	256, 512, 768, 1024 kb/s

	Max bitrate for simulcast
	128 kb/s
	512 kb/s
	1024 kb/s

	Simulcast-2
	32, 96 kb/s
	128, 384 kb/s
	256, 768 kb/s

	Simulcast-3
	32,40,56 kb/s
	128, 170, 214 kb/s
	256, 320, 448 kb/s

	Period of Intra-updates
	1 Intra/s
	1 Intra/s
	1 Intra/s

	Number of coded frames 
	100
	100
	100 (tempete only 86 )


Tab. 1 : Test conditions used for coding efficiency evaluation 
4.2 Results 

In this document, we only present two rate/distortion (R/D) diagrams, the remaining ones can be found in the associated Excel-file.

4.2.1 Comparison with 2-layer Simulcast

The comparison between our proposed QS-coder and the 2-layer simulcast-2 shows that the QS-coder is much better at the lower end and in the middle of the bitrate range. Only if the over​all bitrate is available for the transmission, the decoder can receive additionally the second bit​stream, so that at the high end of the bitrate range simulcast-2 performs much better (cf. Fig. 6 and 7).

4.2.2 Comparison with 3-layer Simulcast

In this scenario, the QS-coder has on the average a much better performance than simulcast-3 over the whole bitrate range. Especially in case of high activity sequences (e.g. Carphone, Foreman, Tempete) the QS- coder produces superior results in comparison to the 3-layer simul​cast (Fig. 6 and 7). For sequences with a static background, however, simulcast-3 has some slight advantages at the switching points to the next higher bitrate compared to the QS-scheme.


Fig. 6:
Comparison of R/D performance for the QS-coder, Simulcast-2 and -3 using the Tempete-sequence (CIF, 10 fps, averaged over 86 frames). The lower bound of the channel bandwidth was chosen as 256 kbits/s and the upper bound as 1024 kbits/s. Simulcast-2 consists of 2 single layer bitstreams coded at 256 and 768 kbits/s. Simulcast-3 consists of 3 single layer bitstreams coded at 256, 320 and 448 kbits/s.


Fig. 7:
Comparison of R/D performance for the QS-coder, Simulcast-2 and -3 using the Foreman-sequence (QCIF, 10 fps, averaged over 100 frames). The lower bound of the channel bandwidth is 32 kbits/s and the upper 128 kbits/s. Simulcast-2 consists of 2 single layer bitstreams coded at 32 and 96 kbits/s. Simulcast-3 consists of 3 single layer bitstreams coded at 32, 40 and 56 kbits/s.

5 Conclusions

In this experiment, we investigated the performance of the QS coding scheme. We demonstrated that there is a benefit of having the functionality of granular quality scalability in a multicast scenario with a time-varying channel. In terms of coding efficiency the QS-coder provides on the average a better performance than the simulcast technique if we assume a multicast scenario with different fixed bitrates. 

The main technical advantages of the QS approach compared to simulcast are:

· Full exploitation of the available channel bandwidth. 

· Graceful changes in quality for time-varying bandwidth conditions. 

· Separation of encoding and transmission, such that only the base layer bitrate has to be predefined at encoding time.

· No constraints in terms of additional I-frame periods as quality switching points. 

· Network friendliness due to the progressive nature of the enhancement layer bitstream.

The status of the core experiment on quality scalability is:

· Benefits of having the QS-mode for H.26L has been demonstrated

· Software (source code) of Encoder and Decoder is available

· Detailed technical description has been provided

Therefore we propose to add the QS-coder to the current test model. Hereby an anchor will be provided for further improvements of the granular quality scalability mode.
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Appendix I:  Default settings

100 ......................

1:  Number of frames to be coded

25 ......................
2:  QP for first frame (intra) (0-31) (ignored w/ RATE CONTROL enabled)

128000 ......................
3:  QP for remaining frames (0-31) _or_ bitrate (enables RATE CONTROL)

2  ......................
4:  Number of frames to be skipped in input (e.g 2 will code every third frame)

1  ......................
5:  Hadamard transform (0=not used, 1=used)

16 ......................
6:  Max search range 

5  ......................
7:  Number of previous frames used for inter motion search (1-5)

0  ......................
8:  Postfilter, Not used in this versions 

1  ......................
9:  Image format (0=QCIF 1=CIF)

0  .....................
10:  Error robustness(extra intra macro block updates)(0=off, N: One GOB every N frames are intra coded) 

1  .....................
11:  Write internal decoded image to file (0=OFF 1=ON)

1  .....................
12:  Inter block search 16x16 (0=disable, 1=enable)

1  .....................
13:  Inter block search 16x8  (0=disable, 1=enable)

1  .....................
14:  Inter block search 8x16  (0=disable, 1=enable)

1  .....................
15:  Inter block search 8x8   (0=disable, 1=enable)

1  .....................
16:  Inter block search 8x4   (0=disable, 1=enable)

1  .....................
17:  Inter block search 4x8   (0=disable, 1=enable)

1  
18:  Inter block search 4x4   (0=disable, 1=enable)

CIF\carphone.cif ...........
19:  Input sequence, YUV 4:2:0

carphone_cif_128k.26l .
20:  Output bitstream in Telenor H.26L format

0
21:  Enhancementcode action (0=no enhancement, 1=with enhancement)

carphone_cif_128k.fgs .....
22:  name of the FGS enhancement file to generate

128000 .................
23:  Enhancement layer bitrate (per second!)

4 ......................
24:  number of steps: how many times to accumulate the enh. layer bitrate

8:1:1 ..................
25:  weight factors/proportions for encoded Y:U:V data in output stream

10 ......................
26:  INTRA period for H.26L baselayer (in number of coded frames)

6 ......................
27:  INTRA multiplier (factor of size reserved for INTRA frames vs. INTER)

1 ......................
28:  auto-adjust INTRA multiplier to image/motion complexity (0=off, 1=on)

Fig. 8 :  Standard configuration file used  for the QS and the base layer encoding.
Appendix II: Rate control

AII.1
 Brief description of the rate control added to the TML

Rate control (RC) was implemented in order to allow measurements at constant bit rates for the TML-3 base layer. The RC mechanism used here is based on a simple, iterative approach. This causes additional computation overhead (as some encoded frames are deleted and re-encoded), but requires only minimal changes to the original test model (TML-3) source code.

The TML-3 streams generated using our RC implementation are bitstream-compatible to the original test model. The quantization parameter (QP) is modified on a per-frame basis. Although individual frame sizes may vary, the requested target bitrate is achieved in average with only minimal deviation.

Due to the lack of temporal scalability in case of buffer overruns, the encoder may (for some combinations of bit rates and sequences) fail to achieve the desired target bitrate. For this reason it should always be checked whether the encoder output really matches the desired bit​rate. Enabling RC only makes sense for sequences that are significantly longer than 10 frames. For sequences of 100 frames, usually a bitrate deviation between 0% and 1% is achieved.

Note, that at low bit rates, periodic I-frame updates cause a perceivable visual effect. Even if the PSNR value is (nearly) identical, Intra updates can be noticed visually. This effect is caused by the periodic interruption of any temporal prediction; it is not a problem of our RC implementation or the proposed QS-coder.

AII.2
Basic operation of the rate control

The low-level streaming routines have been modified to allow a selective “undo” for the most recently encoded frame.  Within an iterative loop and by using a flag signalling not to load the next frame allows the rate control mechanism to re-encode the current frame. 

The rate control defines a target window for the total bit usage. After encoding a frame, the actual bit usage is checked against the target window bounds. If bit usage is lower than expected, QP is reduced. If bit usage exceeds the upper window limits, the QP is increased.

The rate control is able to reserve space for periodic I-frame updates. I-frames usually take more space than average P-frames. The factor between I- and P-frame sizes is called the “INTRA multiplier”. It can be defined either as a constant (allowing accurate control over the total delay) or it can be constantly adapted to the current image and motion complexity in a given sequence.

AII.3
Delay constraints, definition of overshoot/underrun
The time needed for the transmission of the first frame causes a delay. The decoder cannot display the video image before receiving the complete bitstream for the first frame. In order to achieve a minimum delay, all frames need to be equally sized. In this case, the total bit usage increases in constant intervals with every frame.

For example: 

	bitrate is

32kbit/second
	Frame size

(optimally)
	total bit usage (optimally)

	frame #0
	3200
	3200

	frame #1
	3200
	6400

	frame #2
	3200
	9600

	...
	...
	...


In this RC implementation, frame sizes are not equal. For example I-frames take significantly more bits. In our RC implementation, the difference between the actual bit usage and the optimal bit usage is called overshoot (if positive) or underrun (if negative). An overshoot is causing an additional delay for transmission.

RC tries to reduce the overshoot caused by the first I-frame. The target window for bit usage is always positioned relatively to the optimal total bit usage. At the end of the sequence, the size of the bitrate window is reduced to more exactly reach the target bitrate. If the overshoot at the end of the sequence is 0, the target bit rate is matched perfectly.

AII.4
Summary of the rate control properties
Our approach allows to control the additional delay quite effectively and it permits replay at a constant frame rate as soon as the first frame has arrived. The streams generated with our RC implementation can therefore be regarded as optimized for streaming applications.

The rate control is using a very simple approach that did not require a lot of changes in the original test model source code. The generated TML-3 bitstreams are compatible to those generated by the original TML-3 implementation.

The rate control defines a target window for the total number of bits achieved after encoding a frame. When encoding is finished, the total amount of bits is checked whether it is within the target window. If it is not, the quantization parameter is modified and the image is re-encoded. The low level bitstream functions have been modified to allow an “undo” for re-encoding a frame. The iterative process of re-encoding creates some calculation overhead (usually 15-50%).

Fig. � SEQ Fig. \* ARABIC �3�:	Comparison of the time-varying coding performance between simulcast-2 (36,60 kbit/s) and the proposed QS-coder (BL: 36 kbit/s) for the News-sequence (QCIF, 10 fps, 1 intra/s). Channel model for the time-varying bitrate: ramp (36-128 kbit/s). a) available channel bitrate over frame number and the corresponding achievable bitrate for simulcast 2.  b) time-varying and averaged Y-PSNR gain for simulcast-2 and the QS-coder  c) Overall Y-PSNR over frame number for simulcast-2 , QS-coder and the corresponding base layer� 








Fig. 4:	Comparison of the time-varying coding performance between simulcast-3 (128,170, 214 kbit/s) and the proposed QS-coder (BL: 128 kbit/s) for the Foreman-sequence (CIF, 10 fps, 1 intra/s). Channel model for the time-varying bitrate: inverse ramp. a) available channel bitrate over frame number and the corresponding achievable bitrate for simulcast-3.  b) time-varying and averaged Y-PSNR gain for simulcast-3 and the QS-coder  c) Overall Y-PSNR over frame number for simulcast-3 , QS-coder and the corresponding base layer� 








Fig. 5:	Comparison of the time-varying coding performance between simulcast-2 (36,60 kbit/s) and the proposed QS-coder (BL: 36 kbit/s) for the Foreman-sequence (QCIF, 10 fps, 1 intra/s). Channel model for the time-varying bitrate: GPRS. a) available channel bitrate over frame number and the corresponding achievable bitrate for simulcast-2.  b) time-varying and averaged Y-PSNR gain for simulcast-2 and the QS-coder �c) Overall Y-PSNR over frame number for simulcast-2 , QS-coder and the corresponding base layer� 
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