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H.264 performance

9.1 Introduction

The driving force behind the widespread adoption of H.264/AVC is its potential for signif-
icantly better compression performance than older formats such as MPEG-2 and MPEG-4
Visual. However, getting the best possible performance from an H.264 codec is not a straight-
forward task. First, despite the fact that H.264/AVC is an industry standard, there is a wide
variation between practical implementations of H.264 codecs, with a corresponding variation
in coding performance. Second, the large number of coding options supported by H.264 in-
troduces a problematic trade-off between compression and computation. Achieving the best
possible compression performance from an H.264 codec can result in a computational cost
that is prohibitive for practical applications.

Probably the best way to understand the performance trade-offs and the capabilities of
H.264/AVC is to experiment. Fortunately, a number of public-domain implementations are
available that make this possible. The Joint Video Team, responsible for developing and
maintaining the standard, publish a reference software implementation of H.264/AVC, the
Joint Model (JM) codec. The JM is intended to be a complete and accurate implementation of
all the features of H.264. It is not suitable for a practical, real-time coding application but is a
useful reference tool to test the potential of H.264 and to check inter-operability between codecs
and bitstreams. Using the JM and/or other H.264 implementations, it is possible to code and
decode video sequences and to test the effect of the various tools and features of the standard.

Most applications of H.264 place constraints on the bitrate of the coded video sequence.
For example, broadcast channels have a fixed capacity in terms of bits per second; internet
streaming can handle a variable bitrate, but only within certain upper and lower limits; conver-
sational applications such as video calling require minimal end-to-end delays; and so on. For
these reasons, practical implementations of H.264 generally require a rate control algorithm
to constrain the coded bitrate within certain limits.

Getting the best performance from an H.264/AVC codec generally involves selecting the
best coding options or coding mode for each unit of data in the video bitstream. This process
of mode selection is fundamental to achieving good compression performance. Because of
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this, there has been a significant amount of research in finding good compromises between (a)
effective mode selection, and hence good rate-distortion performance and (b) realistic levels
of computational complexity.

9.2 Experimenting with H.264
9.2.1 The JM Reference Software
9.2.1.1 Overview

The Joint Video Team (JVT), the group responsible for developing and maintaining H.264/
AVC, publishes a reference implementation of the standard as a C software program, known
as the Joint Model (JM). At the time of writing, the latest version (16.0) can be downloaded
from http://iphome.hhi.de/suehring/tml/ [i]. An older version of the software is published as
ITU-T standard H.264.2 [ii]. The JM software manual describes the operation and parameters
of the software in detail [iii] and a detailed description of many of the coding algorithms
incorporated into the JM software can be found in a JVT document published in 2005 [iv].

The JM software consists of an encoder (lencod) that encodes a source video file into a coded
H.264 file and a decoder (Idecod) that decodes an H.264 file into a decoded video file. The
encoder and decoder are each controlled by a parameter file with default names encoder.cfg
and decoder.cfg. The encoder creates a reconstructed video file, a copy of the decoded video
file, and can optionally generate a trace file that records every syntax element of the coded
sequence (Figure 9.1).

Configuration Configuration
parameter file parameter file
decoder.cfg
Decoded
Source video file video file

Coded video
file

-

Reconstructed
video file

M-

Trace file
(optional)

Figure 9.1 JM software operation
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Table 9.1 JM software directory structure

Directory Description

bin or build Executable files lencod, ldecod

doc Documentation

Icommon Source (C) and object code files common to encoder and decoder
Idecod Decoder source and object code files

lencod Encoder source and object code files

\

\

\
\

YO

9.2.1.2 File formats

Cbo

Cr0 Cb1 Cr1

Y1

Figure 9.2 Planar YCbCr file format, 4:2:0 sampling

Source, reconstructed and decoded video files are in ‘raw’ YCbCr format, in which the luma,
Cb and Cr samples are stored in the video file with no header or other information. Various
sample orders are supported but the default is planar order, with each component of a frame
stored in raster scan order, starting with frame O (Figure 9.2).

9.2.1.3 Basic operation

The JM software ‘unpacks’ and compiles into the directory structure shown in Table 9.1.

Example

Use the JM software to code 60 frames of a QCIF video sequence.

1. Download and unpack the JM software. Follow the instructions in readme.txt to compile

lencod and ldecod.

2. Copy a QCIF source file into the bin directory. Various test video files are widely available:

for example, container.qcif .

3. Create a configuration file. Start with one of the example files in the bin directory, e.g.
encoder_baseline.cfg. Copy it and give it a new name, e.g. encoder_1.cfg.

4. Edit the new configuration file encoder_1.cfg (Figure 9.3). Changes are shaded; change the
input and output file names, the number of frames to be encoded and set the quantizer

parameter to 32.

5. Open a command prompt in the bin directory.

6. Run the encoder by typing:

lencod —d encoder_1.cfg
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FREFHE R R R R R R R
# Files
FREF AR R R R R R R R

InputFile = "container.qcif " # Input sequence
InputHeaderLength =0 # If the inputfile has a header, state..
StartFrame =0 # Start frame for encoding. (0-N)
FramesToBeEncoded = 60 # Number of frames to be coded
FrameRate = 30.0 # Frame Rate per second (0.1-100.0
SourceWidth 176 # Source frame width

SourceHeight = 144 # Source frame height

SourceResize =0 # Resize source size for output
Outputwidth = 176 # Output frame width

OutputHeight = 144 # Output frame height

TraceFile = "trace_enc.txt" # Trace file

ReconFile = "container_rec.gcif"

OutputFile = "container.264"

StatsFile "stats.dat" # Coding statistics file

FhEF R R R R R R
# Encoder Control
HEHE AR H R R R R R R R R

ProfileIDC = 66 # Profile IDC (66=baseline, 77=main, 88=extended..
IntraProfile =0 # Activate Intra Profile for FRExt (0: false, 1: true
LevelIDC = 40 # Level IDC (e.g. 20 = level 2.0

IntraPeriod =0 # Period of I-pictures (0=only first

IDRPeriod =0 # Period of IDR pictures (0O=only first
AdaptiveIntraPeriod =1 # Adaptive intra period

AdaptiveIDRPeriod =0 # Adaptive IDR period

IntraDelay =0 # Intra (IDR) picture delay (i.e. coding structure of PPIPPP...
EnableIDRGOP =0 # Support for IDR closed GOPs (0: disabled, 1: enabled)
EnableOpenGOP =0 # Support for open GOPs (0: disabled, 1: enabled
QPISlice = 32 # Quant. param for I Slices (0-51)

QPPSlice 32 # Quant. param for P Slices (0-51)

Frameskip =0 # Number of frames to be skipped in input

Figure 9.3 JM encoder configuration file

fffffffffffffffffffffffffffffff JM 16.0 (FREXt) ----------------—-—————mm
Input YUV file container.qgcif

Output H.264 bitstream containerl.264

Output YUV file container_rec.qgcif

YUV Format YUV 4:2:0

Frames to be encoded I-P/B 60/0

Freqg. for encoded bitstream 30.00

SnrU snrv Time (ms) MET(ms) Frm/Fld Ref

00000 (NVB) 160

00000 (IDR) 17896 32 34.357 39.507 39.009 26 0 FRM 1
00001( P ) 304 32 34.123 39.594 39.083 46 21 FRM 1
00002( P ) 512 32 34.218 39.565 39.116 63 36 FRM 1
00003 ( P ) 240 32 34.023 39.566 39.108 52 25 FRM 1
00004( P ) 480 32 34.052 39.632 39.120 53 27 FRM 1
ffffffffffffffffff Average data all frames -—------------------------o-oooooooo
Total encoding time for the seq. 2.953 sec (20.32 fps)

Total ME time for sequence 1.383 sec

Y { PSNR (dB), cSNR (dB), MSE } : { 33.578, 33.573, 28.56274 }

U { PSNR (dB), cSNR (dB), MSE } { 39.404, 39.402, 7.46286 }

V { PSNR (dB), cSNR (dB), MSE } : { 38.910, 38.908, 8.36233 }

Total bits 50712 (I 17896, P 32656, NVB 160)

Bit rate (kbit/s) @ 30.00 Hz 25.36

Bits to avoid Startcode Emulation : 0

Bits for parameter sets : 160

Bits for filler data : 0

Exit JM 16 (FRExt) encoder ver 16.0

Figure 9.4 JM encoder output display

This will produce an output listing similar to that shown in Figure 9.4.
Only selected lines are shown.
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For each coded frame, the frame type, IDR/I or P in this case, number of coded bits,
quantization parameter (QP), PSNR or ‘Snr’ for the components Y, U and V or Y, Cb, Cr and
coding time are listed. Average PSNR and bitrate are listed at the end of the coded sequence.
This is a relatively low-bitrate coded sequence at 21.85 kbps.

7. Run the decoder by typing:

Idecod —i container1.264 —o container_dec.qcif —r container.qcif

Input is container1.264; output is container_dec.qcif; use the original container.qcif as a
reference for PSNR calculations.

The visual quality of the decoded QCIF file can be examined using a YUV viewer, a program
that plays back a YUV file. A number of YUV viewers are available for download. Note that
the Reconstructed file, container_rec.qcif in this case, and the Decoded file container_dec.qcif
are identical. Figure 9.5 shows frame 56 from each QCIF file. Note that:

(1) The decoded/reconstructed frames have less detail due to quantization during encoding.
A lower QP would improve decoded quality at the expense of a higher bitrate.
(i1)) The decoded and reconstructed frames are identical.

Hence it is not actually necessary to run the decoder (ldecod) to view the decoded quality,
since the encoder generates a decoded video file as well as all the necessary statistics such as
bitrate and PSNR required to analyze coding performance.

9.2.1.4 Advanced operation

The large number of optional parameters in encoder.cfg give the user detailed control over
the operation of the JM encoder. The main sections and their effect on encoder operation are
as follows (Table 9.2). Note that some sections e.g. B slice parameters are not present in the
Baseline configuration file and that the JM software continues to be developed and so these
sections and their content may change.

{®icontainer dec.ggil

BLER XN
SB{E0

Figure 9.5 Original, reconstructed and decoded frames, container.qcif, QP=32
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Table 9.2 Selected parameter sections in the JM encoder configuration file

Section

Description

Files

Encoder control

B slices

Output control

CABAC context initialization
Interlace handling

Weighted prediction
Picture based multi-pass encoding

Deblocking filter parameters

Error resilience/slices

Search Range/RD Optimization

Explicit Lambda Usage
Additional Stuff

Rate Control

Fast Mode Decision
Rounding Offset control

Fast Motion Estimation parameters

SEI Parameters
'VUI Parameters

Input and output file names; frame size (Y component);
number of frames to be encoded; source frame rate,
necessary to correctly set rate control parameters.

Basic control parameters. Profile and Level (Chapter 8); I-slice
control; I and P slice quantization parameters (QP); motion
estimation control: search range, reference frames, partition
sizes.

Frequency of B slices; quantization parameter; Direct Mode
and reference control; hierarchical B slices
(‘PyramidCoding’); bi-predictive motion estimation. See
Chapter 6.

CAVLC (‘UVLC’) or CABAC entropy coding (Chapter 7);
output file mode.

Controls CABAC context models (Chapter 7).

Coding of interlaced fields: Picture and Macroblock Adaptive
Frame/Field Coding (Chapter 5).

Controls weighted prediction (Chapter 6).

Enables multiple coding of each picture e.g. using different
QPs, encoder chooses optimum ‘pass’.

‘DFParametersFlag’ determines whether any of the following
parameters are sent, to control the operation of the
deblocking or loop filter (Chapter 6). The default is for the
loop filter to be enabled.

SliceMode controls the distribution of slices in each frame;
other parameters control Slice Groups and Redundant Slices
(Chapter 8).

The most useful parameter here is RDOptimization which
controls the use of rate-distortion-optimized (RDOpt) mode
selection.

Modify Lambda (A) parameter, used in Rate Distortion
Optiimized mode selection.

These parameters are not likely to be of general use.

Enable of disable rate control. If enabled, the encoder attempts
to maintain a constant bitrate through automatically varying
the quantization parameter (QP).

Optional algorithms for speeding up coding mode decisions.

Implements adaptive rounding during encoder quantization, i.e.
adaptive adjustment of the quantizer thresholds. See [v].

Control parameters for the various motion estimation search
modes supported by the JM encoder.

Generate SEI messages. See Chapter 8.

Insert VUI parameters. See Chapter 8.
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Parameter examples:

1. Fast encoding:
To speed up the encoding of a sequence, limit the number of reference frames (Number-
ReferenceFrames) and the motion search area (SearchRange); use fast motion estimation
(e.g. SearchMode = 1); disable rate-distortion optimized mode selection (RDOptimization
= 0) or use ‘fast” mode (RDOptimization = 2).

2. High quality encoding:
To maximize the quality of a coded sequence, copy and edit a Main Profile configuration
file; use B slices; use a large number of reference frames, a large SearchRange and enable
all partition sizes (InterSearchNxN); disable fast motion estimation (SearchMode = 0
or —1); enable CABAC (SymbolMode = 1); use High Complexity rate-distortion optimized
mode selection (RDOptimization = 1). Note that Main Profile must be selected if CABAC
is enabled or if B slices are used (ProfileIDC = 77).

3. B slices:
To insert two B slices between successive I or P slices, creating an IBBPBBP. .. predic-
tion structure, see example in Chapter 6, copy and edit a Main Profile configuration file
(ProfileIDC = 77); set NumberBFrames = 2 and set the QP for B slices (QPBSlice).

9.2.1.5 Trace file

Itis possible to generate a ‘trace’ file during encoding, default name trace_enc.txt, by changing
the following line in header file defines.h :

#define TRACE 1

prior to compiling the encoder.

Every syntax element produced by the encoder is listed in trace_enc.txt. This is a useful
analysis tool but note that the trace_enc.txt file tends to be very large and will considerably
slow down the speed of encoding. A sample trace file section is shown in Table 9.3 and more
examples can be found in Chapter 5. Each line indicates the current bit count, the current
NAL Unit type, SPS in this case, the parameter to be coded, the binary code of the parameter
and the numerical value. For example, num_ref_frames has the value 5 and is coded as the
Exp-Golomb codeword 00110 (Chapter 7).

9.2.2  Other software encoders/decoders

H.264/AVC encoders and decoders are available for a range of platforms including Win-
dows/Linux/Mac, DSP and embedded, ASIC cores and hardware ICs. The JM reference codec
runs very slowly on most platforms and is intended for conformance testing and research rather
than as a practical real-time codec. The public-domain x264 codec! is used in a number of
practical coding applications and performs well in terms of bitrate, picture quality and speed of
processing [vi]. For example, Figure 9.6 shows a section of a coded frame from two sequences.
The left-hand version was coded using the JM reference encoder, Baseline profile, CIF source,

! Note that whilst x264 may be freely downloaded, commercial usage of any H.264 codec may be subject to license
fee claims, see Chapter 8.
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Table 9.3 Section of trace file showing Sequence Parameter Set

@0 SPS: profile_idc 01001101 (77)
@8 SPS: constrained.set0_flag 0 ( 0)
@9 SPS: constrained_setl_flag 0 ( 0)
@10 SPS: constrained_set2_flag 0 ( 0)
@11 SPS: constrained.set3_flag 0 ( 0)
Ql2 SPS: reserved_zero_4bits 0000 ( 0)
@16 SPS: level_idc 00011110 ( 30)
@24 SPS: seg.parameter_set_id 1 ( 0)
@25 SPS: log2max_frame_num.minus4 1 ( 0)
@26 SPS: pic_order_cnt_type 1 ( 0)
@27 SPS: log2max.pic.order_cnt_lsb.minus4d 00101 ( 4)
@32 SPS: num._ref_frames 00110 ( 5)
@37 SPS: gaps.in_framenumvalue_allowed_ flag 0 ( 0)
@38 SPS: picwidth_inmbs.minusl 000010110 (21)
@47 SPS: pic.height_inmap-unitsminusl 000010010 (17)
@56 SPS: framembs_only_flag 1 ( 1)
@57 SPS: direct_8x8_inference_flag 1 ( 1)
@58 SPS: frame._cropping.flag 0 ( 0)
@59 SPS: vuil_parameters_present_flag 0 ( 0)

QP = 26. The right-hand version was coded using x264 with the same settings. The file sizes
and image quality are almost identical; in fact x264 produces a slightly smaller file. For this
sequence, the JM encoder runs at 5 frames per second, much slower than real-time, and the
X264 encoder runs at 42 frames per second, i.e. faster than real-time, on the same computer.
In this example, x264 gives good compression performance at a much faster encoding speed
than the JM.

Independent evaluation tests are a good source of comparisons between video coding
solutions. Doom9’s 2005 codec comparison was ‘won’ by x264, closely followed by Ateme’s
H.264 codec [vii]. Moscow State University has carried out a series of evaluation competitions

Figure 9.6 Section of coded frame, JM encoder (left), x264 encoder (right)
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for H.264 and MPEG-4 video codecs, the most recent of which concludes that x264 and
Mainconcept’s H.264 codec? were the best of the codecs tested [viii].

9.2.3 H.264 stream analysis

A syntax or stream analyzer reads an H.264/AVC bitstream and extracts and displays infor-
mation about the coding choices, etc. Using the JM encoder in TRACE mode (section 9.2.1)
extracts this type of information at a very low level but the amount of information generated
makes it difficult to interpret. Commercially available stream analysers can provide useful in-
formation in a graphical form and can extract higher-level performance indicators. At the time
of writing, companies offering H.264/AVC analysis tools include Elecard, Mindego, Sencore
and Thomson Grass Valley.

Example 1: Baseline Profile

Figure 9.7 shows a screenshot of Elecard’s StreamEye analyzer software. The main (top) window
shows a profile of the bitstream, in this case, a Baseline Profile sequence that starts with an I/IDR
slice followed by P slices. A single frame is displayed in the lower-left window with overlays
such as partition sizes, motion vectors and macroblock types. In this example, a Macroblock
Info window (lower-right) displays coding information about a selected macroblock.

S StreamEye v,3,0 - C:\Demolx264Mest], 264 EEX
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= JEIx]! &
ale elolelololgelolale] position : 1l9xls
L) o8 e @ | slice_id <1
olale o|e | mh_addr : 348
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Figure 9.7 Screenshot of an H.264 stream analyzer: Baseline Profile frame. Reproduced by

permission of Elecard

2 Mainconcept is now owned by DivX.
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Note that the first frame of the sequence, the I slice, contains a large number of coded
bits; subsequent P slices are coded with a much lower number of bits. This is because motion
compensated inter prediction is much more efficient than Intra prediction. Note also that the
number of bits in each P slice varies. In general, a frame containing more motion and/or detail
will require more bits than a frame containing less motion or detail.

The selected macroblock near the lower-right of the frame is coded in P_Skip mode, i.e. no
transform coefficients or motion vector differences are sent and the macroblock is reconstructed
using motion compensated prediction with a motion vector (mvL0) predicted from previously-
sent vectors (Chapter 6).

Example 2: Main Profile

The same sequence, CIF, 30 frames per second, is coded using Main Profile tools (Figure 9.8).
The first frame is coded as an I slice and subsequent frames are coded as P or B slices.

rlolel x| o6 ue O & s 6 6= sciccard &)
v 4] (1:3 5
5583
3722
1861
0 <  ;
NI sm || B |
position : 13z7
slice_id ek
nb_addr : 167
size (in bics) = 101
mb_type : Incer 22 (B_Sx8)
cransfors_BzB 20
chp bits 0 0001 O 00 O 0O

0010 oo oo
oLLL
0000

qUARE pPATAN - |

pmode : Parc_Bx8

sub_pmode : SubPart_8x4 SubPart 8x8
: SubPart_8x8 SubPart_Bz8

sub_pdir : BDirect EDirect

: EDirect BDizect

Figure 9.8 Screenshot of stream analyzer: Main Profile frame. Courtesy of Elecard

The top window shows the number of bits per frame; the first frame is not shown on this graph.
The coded P slices, every second frame, are significantly larger than the B slices, demonstrating
that bi-predicted inter prediction is more efficient than prediction from a single reference. In
fact, most of the macroblocks in the B slice shown in the figure are skipped, i.e. no data is sent
and instead they are interpolated from the reference frames either side of the B slice (Chapter 6).
One macroblock is selected near the centre of the frame. This is coded in B_8 x 8 mode, i.e. as
four 8 x 8 macroblock partitions. Each partition is coded using Direct prediction (Chapter 6).
The CBP (coded block pattern) map indicates that 5 of the 4 x 4 luma blocks contain coded
coefficients, the other blocks being all zero.
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9.3 Performance comparisons
9.3.1 Performance criteria

The H.264 standard defines a syntax and decoding method for video but does not specify how
video should be encoded. In practice the constraints of the standard place certain limitations
on encoder design and so most H.264 encoders share a common basic design (Chapter 4).
However, there is scope for a wide range of performance, especially in terms of the following
performance criteria:

Criterion Description Desirable
Total bitrate Bitrate of complete compressed Low bitrate at a given image
video sequence, bits per second. quality, image resolution and
frame rate.
Quality Decoded image quality or High quality/low distortion at a
distortion. given bitrate, resolution and
frame rate.
Processing rate Speed of encoding or time taken to High processing rate, i.e. rapid
encode a sequence. encoding of a video sequence.
Bitrate control Bitrate of coded sequence at a

particular point in time.

9.3.2  Performance examples: Foreman sequence, QCIF resolution

The following performance results were obtained by encoding 100 frames of the ‘Foreman’
video clip (Figure 9.6), QCIF resolution, 30 frames per second, using the JM reference encoder.
By encoding the same sequence using a range of coding parameters, it is possible to explore
the trade-offs between bitrate, quality and computational complexity. Each sequence is coded
starting with an I slice, followed by P and optionally B slices. Note that a different H.264
encoder would be expected to produce different results, unless the algorithms by which the
encoder selects coding options are identical.

9.3.2.1 ‘Low complexity’ and ‘Basic’

First we compare two configurations that may be suitable for devices with limited computa-
tional and storage capacity (Table 9.4). The parameters to be varied are as follows:

e Number of reference frames, previously coded frames used for inter prediction

* Minimum motion compensation block size, e.g. ‘8 x 8’ means that the encoder may use
any MC block size of 8 x 8 or larger

® Entropy coding, CAVLC or CABAC

¢ Loop filter, the built-in deblocking filter, switched on or off

® B slices, bipredicted slices between pairs of P slices

® Rate distortion optimization, i.e. repeatedly coding the macroblock in different modes and

choosing the ‘best’ mode

Rate control, i.e. varying the QP dynamically to meet a target bitrate.
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Table 9.4 ‘Low Complexity’ and ‘Basic’ configurations

Configuration Low complexity Basic
Number of reference frames 1 1
Smallest motion compensation block size 8§ x 8 8§ x 8
Entropy coding CAVLC CAVLC
Loop filter Off On

B slices None None
Rate Distortion Optimization Off Off
Rate control Off Off

Figure 9.9 shows the rate-distortion performance of these two configurations. To generate each
graph, the sequence is coded at a range of QP values, in this case QP24, the top-right point on
the graph, to QP36, the lower-left point, and the coded bitrate (kilo bits per second), luma PSNR
(dB) and coding time (seconds) are recorded. Figure 9.9 shows that the ‘Basic’ configuration
delivers better rate-distortion performance than the ‘Low complexity’ configuration, i.e. a
higher quality at the same bitrate. Figure 9.13 charts the coding time of each sequence at one
QP setting. The ‘Basic’ configuration takes only slightly longer to code, implying that the
rate-distortion improvement comes at a small penalty in computational complexity.

9.3.2.2 ‘Basic’ configuration plus options

Starting with the ‘Basic’ configuration described earlier, we add a number of individual coding
options (Table 9.5) and measure the performance of (i) Basic + 1 option and (ii) Basic + the

Foreman, QCIF, 30fps, 100 frames

39 A1
38 1
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36 1
35 1
34 A
337
32
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PSNR (Y)

—&— Basic

Figure 9.9 Foreman / QCIF / Basic complexity
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Table 9.5 ‘Basic’ plus options

Basic Basic + Basic Basic + Basic + Best
Configuration Basic +4 x4  Sref +CABAC 1B RDO Baseline
Number of 1 1 5 1 1 1 5
reference frames
Smallest motion 8 x8 4 x4 8 x8 8§ x8 8 x8 8 x8 4 x4
compensation
block size
Entropy coding CAVLC CAVLC CAVLC CABAC CAVLC CAVLC CAVLC
Loop filter On On On On On On On
B slices None None None None One None None
Rate Distortion Off Off Off Off Off On On
Optimization
Rate control Off Off Off Off Off Off Off

‘best’ selection of options that are compatible with Baseline profile. Note that CABAC and B
slices are not allowed in a Baseline Profile bitstream.

Comparing the performance of these options (Figure 9.10), it is clear that each individual
option makes a small improvement to rate-distortion performance. Combining several options -
multiple reference frames, 4 x 4 minimum block size and Rate Distortion Optimization -
gives a more significant improvement in performance compared with the Basic configuration.
However, this comes at a cost of a 4x increase in coding time (Figure 9.13).

Foreman, QCIF, 30fps, 100 frames
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Figure 9.10 Foreman / QCIF / Basic complexity and options
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Table 9.6 ‘Basic’, ‘Best Baseline’, ‘Medium’

Medium Medium
Configuration Basic Best Baseline (1 ref) Medium  (rate control)
Number of reference frames 1 5 1 5 5
Smallest motion compensation 8 x 8 4 x4 4 x4 4 x4 4 x4
block size
Entropy coding CAVLC CAVLC CABAC CABAC CABAC
Loop filter On On On On On
B slices None None 1 1 1
Rate Distortion Optimization Off On On On On
Rate control Off Off Off Off On

9.3.2.3 Baseline and Main Profile

Adding a selection of Main Profile tools gives the ‘Medium Complexity’ sequence. The new
configuration is compared (Table 9.6) with the ‘Basic’ and ‘Best Baseline’ configurations.
Adding CABAC and one B-slice between every two P-slices increases the performance of the
‘Medium’ sequence significantly (Figure 9.11). The coding time for the ‘Medium’ sequence
is 28 seconds, compared with 21 seconds for the ‘Best Baseline’ sequence (Figure 9.13). For
comparison, the ‘Medium’ sequence with only one reference frame is faster to encode but the
performance drops as a result.

Many applications of video coding require a constant, or at least a constrained, bitrate. A
rate control algorithm controls the QP in order to maintain an approximately constant coded

Foreman, QCIF, 30fps, 100 frames
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Figure 9.11 Foreman / QCIF / Basic and Medium Complexity
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Figure 9.12 Foreman / QCIF / Medium complexity with rate control

bitrate, at least across a number of frames. Adding rate control increases the coding time
slightly but does not significantly affect rate-distortion performance (Figure 9.12).

9.3.3 Performance examples: Foreman and Container sequences

An H.264 codec will perform differently depending on the content of the video sequence.
For example, a sequence containing more motion and detail will tend to generate a larger
number of bits than a sequence containing less motion and detail at a similar quality level.
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Figure 9.13 Foreman, QCIF sequences: coding time
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Figure 9.14 QCIF sequences: rate vs. PSNR

Figure 9.14 compares the rate-distortion performance of the Foreman and Container QCIF
sequences using selected configuration settings. ‘Container’ (Figure 9.5) has less detail and
less complex motion than ‘Foreman’. At the same PSNR level and using the same configuration
settings, ‘Foreman’ requires a bitrate three to four times higher than ‘Container’.

The same sequences, Foreman and Container, are coded in CIF resolution. The larger source
image size results in higher bitrates (Figure 9.15). Once again, Foreman requires more bits
to code than Container at the same quality level, but the separation between the sequences is
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Figure 9.15 CIF sequences: rate vs. PSNR
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Figure 9.16 CIF sequences: coding time

smaller at CIF resolution than at QCIF resolution. The more complex Foreman sequence tends
to take longer to encode (Figure 9.16) than Container.

9.3.4  Performance examples: Inter prediction structures

Figure 9.17 compares the compression performance of ‘Foreman’ coded using the four pre-
diction structures described in Chapter 6. Each sequence is coded with the following common
parameters:

® 61 frames of the ‘Foreman’ CIF test sequence

® Encoded using the JM reference software encoder, version 16.0
e Every 12" frame is coded as an I slice

® Main Profile, CABAC entropy coding

e Rate Distortion Optimised mode selection enabled

® No rate control.
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Figure 9.17 Rate-distortion comparison of prediction structures
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Figure 9.18 Sample frames from sequences using different prediction structures, coded at 280kbps

The prediction structures are as follows (see Chapter 6):

(i) IPPPPPPPPPPPIPP. . ., i.e. one I-slice followed by 11 P-slices, with one reference frame
(i) As (i) but with five reference frames
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(iii) IBBPBBPBBPBBIBBP.. ., i.e. 12-frame GOP with one I-slice, three P-slices and eight
B-slices in each GOP.
(iv) IBBBBBBBBBBBIBB.., 12-frame GOP, hierarchical prediction.

The basic IPPPP. .. structure with one reference frame has the worst performance, i.e. the
lowest rate-distortion curve. Enabling five reference frames with the same structure improves
the performance slightly. The ‘Classic’ IBBPBBP... GOP structure, with 12 pictures in
a GOP, improves the compression performance further and a Hierarchical GOP structure,
with 12 pictures, gives the best performance. Sample frames from IPPP. .. and Hierarchical
structures are shown in Figure 9.18, each coded at the same bitrate (280kbps). The luminance
PSNR of the Hierarchical sequence is around 0.8dB higher than that of the IPPP. . . sequence;
note that there is only a slight subjective difference in the frames. The Hierarchical sequence
takes approximately 50 per cent longer to encode using the JM software.

9.3.5 Performance example: H.264 vs. MPEG-4 Visual

Figure 9.19 compares the rate-distortion performance of H.264 and the earlier MPEG-4 Part
2 (“Visual’) standard. Similarly to H.264, MPEG-4 Visual has Profiles that define subsets of
coding tools. Results for the ‘Carphone’ QCIF sequence coded using Simple Profile (SP) and
Advanced Simple Profile (ASP) are shown. The SP encoder uses I- and P-frame coding and the
ASP encoder adds B-frame coding for better performance. An H.264 Baseline Profile encoder
using UVLC/CAVLC and one reference frame performs considerably better than MPEG-4
Visual ASP and H.264 Main Profile with CABAC and five reference frames performs better
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Figure 9.19 Carphone, QCIF: H.264 vs. MPEG-4 Visual
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Figure 9.20 Frame from ‘Foreman’ sequence showing macroblock sizes

still, with a bitrate reduction of around 30-40 per cent compared with MPEG-4 ASP at a
similar bitrate.

9.4 Rate control

The number of bits produced when an encoder codes a macroblock is not constant. For
example, Figure 9.20 plots the number of bits per macroblock in a frame of ‘Foreman’ coded
as a P slice. Lighter blocks are MBs with more bits, darker blocks contain fewer bits. Typically,
more bits are required to code MBs that contain significant movement and/or detail, since these
contain non-zero motion vector differences and non-zero transform coefficients.

In a similar way, the number of bits per coded frame is not constant. If all encoding
parameters are kept constant, variations in motion and detail cause the bitrate to vary; for
example, see the bitrate graph in Figure 9.7.

Practical applications of H.264/AVC require a constant bitrate output, or at least a con-
strained bitrate output. Some examples are listed in Table 9.7.

A typical coding scenario is shown in Figure 8.6 (Chapter 8). The encoder output buffer has
a ‘smoothing’ or averaging effect on the coded bitrate. However, the constraints of the HRD
(Chapter 8) mean that it is always necessary to control or manage the coded bitrate, unless the
decoder can cope with an arbitrarily long decoding delay.

Table 9.7 Bitrate and delay constraints

Application Bitrate and delay constraints
Video broadcast over fixed Constant bitrate, medium delay
bitrate channel
IP video streaming Variable bitrate within limits, medium delay
IP videoconferencing Variable bitrate within limits, low delay

DVD recording Variable bitrate within limits, medium delay, fixed maximum file size
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Figure 9.21 Encoder with rate feedback

Controlling the output bitrate is typically achieved by measuring the rate and/or the encoder
buffer fullness level and feeding this back to control the encoder (Figure 9.21). Many of the en-
coder parameters can affect output bitrate e.g. type of slice, motion search range, mode selection
algorithm, but the most useful parameter for bitrate control is the Quantizer Parameter (QP).

One way of controlling bitrate is simply to try and enforce a constant number of bits per
coded frame, by measuring the output bitrate and feeding it back to control QP. Increasing
QP reduces coded bitrate and decreasing QP increases coded bitrate. However, this approach
is problematic because (i) it does not take into account the fact that coded I, P and B slices
generate significantly different numbers of bits (Figure 9.8) and (ii) it will tend to lead to
‘unpleasant’ variations in image quality as the encoder increases or decreases QP rapidly to
try and maintain bitrate.

A more flexible approach is outlined in Figure 9.22. The available channel bitrate, in bits per
second, is used to determine a target number of bits for a Group of Pictures (GOP), typically
an I slice followed a number of P and/or B slices. The bits available for the GOP are then

Bitrate available per second of video

Bits allocated to GOP

Bits allocated Bits allocated Bits allocated -
to | slice to P slices to B slices

1000 0000000000

1

/

Bits allocated
to macroblocks

Figure 9.22 Bitrate allocation for rate control
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allocated to I, P and B slices, with the allocation changing depending on the slice type. An I
slice would typically be allocated most bits because intra prediction tends to be less efficient
than inter prediction, followed by P slices and then B slices. Within each slice, a certain number
of bits are allocated to each macroblock. The rate control algorithm then attempts to control
the encoder to produce the target number of bits.

9.4.1 Rate control in the JM reference encoder

The rate control algorithm adopted in the JM reference encoder is described in its basic form in
[iv] and [ix]. Various modifications have been proposed, some of which have been incorporated
in later versions of the reference software [x]. The rate control algorithm attempts to (i)
maintain a target coded bitrate during encoding and (ii) minimize obvious quality variations
in the decoded video sequence. It operates with the following constraints:

Available bitrate R: The number of bits per second, may be constant or variable.

Buffer size: The size of the encoder output buffer and the decoder input buffer
(CPB).

Video statistics: The amount of motion and detail in the input video signal, typically
varying.

The general approach is as follows.

1. Allocate a target number of bits for a coded unit based on:
a. The available bitrate, taking into account the target bitrate and the actual bitrate produced
up to this point.
b. The buffer contents.
c. The importance of the coded unit to future coding decisions, e.g. is it part of a slice that
is used as a reference for further predicted frames.
2. Control the QP to match the target number of bits as closely as possible.
3. Update the parameters of the rate control algorithm based on the actual statistics of the
input and coded sequences.

This approach is applied at various levels from GOP to coded picture and optionally down
to the level of individual macroblocks or sequences of macroblocks. The minimum level at
which rate is controlled is described as a basic unit and may be a single macroblock, a number
of consecutive macroblocks or an entire coded frame.

94.1.1 GOP level rate control

Assume that the GOP structure consists of an I slice followed by P and/or B slices.

1. Calculate the number of bits available to code the GOP, based on:
a. Available bitrate, constant or variable across the sequence, u
b. Frame rate, F
c. Number of frames in the GOP, N
d. Size and occupancy of the encoder output buffer, B
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2. Calculate the starting QP of the GOP based on:
a. QPs allocated to frames in the previous GOP
b. Target bitrate for previous and current GOPs.

The QP should not vary too much between GOPs in order to preserve reasonably consistent
frame quality.

9.4.1.2 Frame and/or basic unit rate control

The following steps are applied once per frame if the basic unit is a complete coded frame, or
multiple times if the basic unit is smaller than a frame.

1. Calculate a target number of bits for the coded frame.

2. Divide this number of bits equally amongst the basic units in the frame, may just be one
basic unit.

3. Predict the Mean Absolute Difference (MAD) of the next basic unit.

4. Use aRate-Distortion (R-D) model to estimate the QP required to produce the target number
of bits for the basic unit, based on the estimated MAD of the basic unit.

5. Code the basic unit using this QP.

6. Update the parameters: number of bits available, MAD estimate, R-D model coefficients,
based on the actual statistics of the coded basic unit.

Steps (3) and (4) require further explanation. The Mean Absolute Difference (MAD) is an
estimate of the amount of ‘activity’, motion and/or detail, and therefore the likely size of the
basic unit after coding. The relationship between MAD, QP and coded size of basic unit i can
be modelled by the following quadratic expression (9.1):

MAD; |~ MAD,
=c c —
'Ostep; ' Qstep?

©.1)

i

Where T is the number of coded bits for the current basic unit, Qstep is the quantizer step size
(related to QP, see Chapter 7), & is the number of bits required to code the header and motion
vectors and ¢y, ¢, are model coefficients, updated after coding each unit. Based on (9.1),
the QP required to produce the correct number of coded bits T; can be calculated. However,
MAD is not known prior to coding the current basic unit. To get round this problem, MAD
of the current basic unit 7 is estimated from the MAD of the basic unit in the same position
(co-located) in the previous code frame (9.2). Coefficients a; and a, are updated after coding
each basic unit.

MAD; = aiMAD.,.1pcated + a2 (92)

In this way, the encoder estimates the activity in the current basic unit and hence the quantizer
parameter that is likely to produce the target number of bits T;. The actual number of bits
will vary from this, due to inaccuracies in the models. Based on the actual performance of the
algorithm, the model parameters are updated in order to minimize the model error.
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Example: Foreman, QCIF, 100 frames

100 frames of the Foreman QCIF sequence were encoded at a frame rate of 10 frames per second
using Baseline profile, coded as one I-slice followed by P-slices. The rate control algorithm
described in [ix] was used, with a target bit rate of 26 kbps. Figure 9.23 shows the coded bitrate.
After the first (I) slice, the encoder maintains a roughly constant number of bits per frame.
18000
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Figure 9.23 Foreman, QCIF, 100 frames: coded bitrate

‘Foreman’ is a ten-second clip that contains a relatively high amount of motion, particularly
in the last 2-3 seconds. Figure 9.24 plots the variation of QP throughout the sequence. The large
variation, particularly in the final seconds, is necessary in order to compensate for the changing
motion and detail. This variation in QP leads to a variation in per-frame quality, measured as
PSNR (Y) in Figure 9.25. As the QP increases, PSNR decreases and vice versa.

This example illustrates the classic trade-off of video codec rate control : a constant or
near-constant bitrate typically is achieved at the expense of varying decoded quality.
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Figure 9.24 Foreman, QCIF, 100 frames: QP per frame
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Figure 9.25 Foreman, QCIF, 100 frames: Luma PSNR per frame

9.5 Mode selection

An H.264/AVC encoder can choose from many different options or modes when it codes a
macroblock. Figure 9.26 shows the main prediction choices for a macroblock; see Chapters 5
and 6 for more details. These include:

‘Skip’ mode: don’t send any information for this macroblock

Four intra-16 x 16 modes

Nine intra-4 x 4 modes, with a different choice possible for each 4 x 4 block

16 x 16 inter mode with prediction from reference picture(s) from one (P, B MB) or two (B
MB) lists

8 x 16 inter mode: prediction from multiple reference pictures as above, with the option of
different reference picture(s) for each partition

16 x 8 inter mode with reference picture choices as above

8 x 8 inter mode with reference picture choices as above, with further sub-division of each
8 x 8 partition into 8 x 4, 4 x 8 or 4 x 4 sub macroblock partitions.

As well as the choice of prediction mode, the encoder can choose to change the quantization
parameter (QP); within each inter mode the encoder has a wide choice of possible motion
vectors; and so on. There are a huge number of options for coding each macroblock. Each
coding mode, i.e. each combination of coding parameters, will tend to generate a different
number of coded bits, ranging from very low (P-Skip or B-Skip) to high (Intra) and a different
distortion or reconstructed quality.

A video encoder aims to minimize coded bitrate and maximise decoded quality or minimize
decoded distortion. However, choosing the coding mode of a macroblock to achieve this is
a difficult problem, because of (a) the large number of possible combinations of encoding
parameters and (b) the question of deciding the ‘best’ tradeoff between minimizing bitrate and
minimizing distortion.
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Figure 9.26 Available macroblock prediction modes

Example: ‘Cost’ of coding a macroblock

Figure 9.27 compares the rate and distortion costs of coding a particular macroblock in different
modes. The three measurements are:

Header bits: The number of bits required to signal the macroblock mode,
plus any prediction parameters such as intra mode, reference
choices and/or motion vector differences.

Coefficient bits: ~ The number of bits required to code the quantized transform
coefficients.

MSE: Distortion of the decoded, reconstructed macroblock,
measured as Mean Squared Error.

‘Skip” mode sends only a single bit to indicate that no further data is coded for this macroblock.
The rate cost is negligible. However, the decoder must reconstruct the MB based on previously-
coded data. If there are any significant changes from the previous decoded frame, the MSE is
likely to be very high as in this case.
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Figure 9.27 Rate and MSE costs for different coding options

The two Intra modes (16 x 16 and 4 x 4) give a lower MSE at the expense of a higher rate
cost, particularly to signal the residual coefficients. Inter modes with larger block sizes e.g. 16 x
16 tend to have a low header cost but more coefficient bits, because the motion compensated
prediction is not entirely accurate. Inter modes with smaller block sizes tend to have a larger
header cost to signal mode and multiple motion vectors and fewer coefficient bits due to more
accurate prediction.

The ‘best’ choice of mode depends on (i) the particular characteristics of the macroblock and
(ii) the chosen weighting between distortion and rate. In this example, an encoder that is biased
towards minimizing distortion, will tend to choose one of the Intra modes; an encoder that is
biased towards minimizing rate, will tend to choose Skip mode.

9.5.1 Rate Distortion Optimized mode selection

Rate Distortion Optimized (RDO) mode selection is a technique for choosing the coding mode
of a macroblock based on the rate and distortion cost. In its most popular formulation, the
bitrate cost R and distortion cost D are combined into a single cost J (9.3):

J=D+AR 9.3)

The RDO mode selection algorithm attempts to find a mode that minimizes the joint costJ. The
trade-off between Rate and Distortion is controlled by the Lagrange multiplier A. A smaller
A will give more emphasis to minimizing D, allowing a higher rate, whereas a larger A will
tend to minimize R at the expense of a higher distortion. Selecting the best X for a particular
sequence is a highly complex problem [xi]. Fortunately, empirical approximations have been
developed that provide an effective choice of A in a practical mode selection scenario [xii].
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Good results can be obtained by calculating X as a function of QP (9.4, from [iv]).
A = 0.852(@P~12/3 9.4)

Distortion (D) is calculated as the Sum of Squared Distortion (SSD, (9.5):

Dssp =Y (bx.y) = b'(x. )’ 9.5)

X,y

Where x,y are the sample positions in a block, b(x,y) are the original sample values and b’(x,y)
are the decoded sample values at each sample position. Other distortion metrics, such as Sum
of Absolute Differences or Sum of Absolute Transformed Differences, SAD and SATD, may
be used in processes such as selecting the best motion vector for a block [iv]. A different
distortion metric typically requires a different A calculation.

A typical mode selection algorithm might proceed as follows:

® For every macroblock
o For every available coding mode m
= Code the macroblock using mode m and calculate R, the number of bits required to code
the macroblock
= Reconstruct the macroblock and calculate D, the distortion between the original and
decoded macroblocks
= Calculate the mode cost J,, using (9.3), with appropriate choice of A
o Choose the mode that gives the minimum J,,

This is clearly a computationally intensive process, since there are hundreds of possible mode
combinations and therefore it is necessary to code the macroblock hundreds of times to find
the ‘best’ mode in a rate-distortion sense. The problem becomes larger when considering the
choice of prediction, for example:

1. Each 4 x 4 block in an Intra-4 x 4 macroblock can be coded using one of nine modes.
The choice of mode for one 4 x 4 block affects the coding cost and therefore the choice of
mode for all the other 4 x 4 blocks (see Chapter 6, Intra mode signalling).

2. Each partition in an Inter macroblock may be predicted from any one of the available
reference frames or from one or two reference frames in a B macroblock.

3. Each partition or sub-macroblock partition in an Inter macroblock has a separate motion
vector or two in the case of a bi-predicted partition in a B macroblock; each motion vector
may point to any of hundreds of positions within a defined search window.

4. The choice of motion vector or prediction is further complicated by the fact that more likely
predictions, e.g. small motion vectors or intra modes similar to recently-selected modes,
generally require fewer bits to code than predictions such as large motion vectors that are
less likely to generate the best result.

In the case of a B macroblock, for example, an encoder has a huge potential ‘space’ of coding
options, including all the intra modes, all the inter partition sizes, all the possible motion
vectors, all the available reference frames and the choice of one-directional or bi-predicted
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motion compensation. Exhaustively searching this space to find the best combination of mode
and prediction type is a highly computationally intensive task.

9.6 Low complexity coding

Many practical H.264/AVC codecs simply do not have the computational resources to carry
out the full rate-distortion optimized mode selection process described above. This practical
constraint, together with the desire to maximize compression performance, has led the de-
velopment and proposal of hundreds of low complexity coding algorithms and approaches.
The general goal is to maximize performance in the rate-distortion-complexity space (Figure
9.28). A low-complexity encoder will tend to have poor or average rate-distortion perfor-
mance; applying more computation to the problem of choosing the best coding mode, hence
moving along the complexity axis, will tend to increase rate-distortion performance. Hence
compressed bitrate, decoded quality and codec complexity can be traded off. The goal of
a good low-complexity coding method is to achieve good rate-distortion performance at a
reduced computational cost. A suitable comparison point is a ‘full complexity’ H.264 encoder,
which evaluates every possible coding mode, every prediction type and every motion vector
when coding each macroblock.

In general, every low-complexity coding algorithm has a similar effect on performance,
i.e. rate-distortion performance tends to be lower than the benchmark ‘full complexity’ codec
and computational complexity is also lower. Some of the more sophisticated low-complexity
algorithms, however, are capable of delivering coding performance very close to the benchmark
with a significant reduction in computational complexity.

9.6.1 Approximating the cost function

The basic cost function (9.3) requires calculation of D and R. In a ‘full’ implementation this
means it is necessary to:

(i) Code the block B to obtain R
(i1) Decode the block to obtain B’, the reconstructed block
(iii) Calculate the distortion (e.g. SSD) between B and B’
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A number of approximations to SSD have been proposed, with the aim of reducing the
number of processing steps required to calculate distortion. For example, Sum of Absolute
Differences (SAD) calculates the absolute difference between pairs of samples b and b’ (9.6).
SAD increases monotonically with SSD but is less computationally intensive to calculate.
Calculating the absolute difference in the transform domain can improve the accuracy of the
cost function approximation. (9.7) describes the transform-domain metric Sum of Absolute
Transformed Differences (SATD), where T is a transform such as the Hadamard Transform
and « is a normalization factor) [iv].

Dsap = ) |b(x, y) = b'(x, y)| (9.6)
X,y
Dsarp = o »_ |T (b(x, y) = b'(x. )| 9.7)
Xy

Further fast approximations to these and other distortion metrics have been proposed in the
literature, e.g. [xiii, xiv]. An alternative is to sub-sample the block, i.e. reduce the number of
sample positions (X, y) to be evaluated [xvi, xv].

A simple approach to approximating the rate of a coded block is to predict blocks with zero
rate, i.e. all-zero coefficients [xvii]. As all-zero blocks occur very frequently in a typical coded
sequence, predicting the occurrence of these blocks without actually coding the data can save
a significant amount of computation. A more sophisticated rate estimation model is presented
in [xviii].

Finally, the entire cost function (9.3) may be estimated, for example based on the R-D cost
of the same macroblock position in a previously coded frame [xix, xx].

9.6.2 Reducing the set of tested modes

A second approach to reducing the complexity of mode selection is to cut the number of modes
that are tested for a given macroblock or block.

The ‘Skip’ mode tends to occur very frequently in P and B slices, especially when (i)
the scene activity is relatively low and/or (ii) the quantization parameter is relatively high.
Many methods have been developed that incorporate early skip detection based on modelling
previous macroblock statistics, for example [xix, xxi, Xx].

More generally, a number of algorithms attempt to reduce the cost of inter mode selection
by grouping modes and only evaluating or coding certain groups of inter modes. Groupings
can be determined by the statistics of previously coded macroblocks and/or according to
homogeneity or features of the current macroblock [xxii, xxiii].

The number of intra modes tested for a MB / block may be reduced by examining the
structure of the image data. The best intra mode tends to depend on the characteristics of
the block or macroblock. For example, a macroblock containing smooth texture is likely to
be effectively predicted using an Intra-16 x 16 mode (see Chapter 6) [xxiv]. Alternatively,
the best Intra-4 x 4 mode for a particular 4 x 4 block is likely to be closely correlated to
the block texture. For example, the dominant edge direction in a 4 x 4 block may be used to
predict the most likely prediction direction [xxv].
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9.6.3 Early termination

Related to the strategy of reducing the number of modes is the concept of early termination,
which involves (i) evaluating coding modes in a certain order, which may be fixed or variable,
and (ii) terminating the process when certain criteria are reached. For example, a number
of algorithms assume that the costs of certain inter modes are monotonically increasing or
decreasing, i.e.:

Ji6x16 > Jexg > Jaxa
or

Jiex16 < Jgxs < Jaxa

Evaluating the modes in order of expected monotonicity, the encoder terminates the mode
selection process if a particular mode cost is not monotonic [xxvi, Xxvii].

9.7 Summary

A good way to understand and evaluate the capabilities of a video coding method such as
H.264/AVC is to experiment with it. The availability of public-domain encoders and decoders
such as the ‘official’ Joint Model (JM) and the open-source x264, makes it possible to test
out every aspect of the standard. H.264/AVC has the potential to deliver coding performance
as good as, or better than, other standards-based and proprietary codecs that are currently
available. However, the performance of an H.264 codec depends very much on the coding
parameters and the source video material. There is a fundamental trade-off between good
coding performance - high quality and low bitrate - and computational complexity, particularly
in a video encoder. A key aspect of this trade-off is the challenge of selecting the best coding
mode for a macroblock, out of a very large number of possible options. Practical H.264/AVC
encoders typically simplify this process using fast, low-complexity approximations to the full
mode selection process.
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Extensions and directions

10.1 Introduction

Since the first version of H.264/AVC was published in 2003, the video coding industry has
continued to evolve. The range of platforms and delivery mechanisms for video continues to
grow, with an increasing expectation that video content should be available on any platform
from mobile to HD and 3D displays, over any network including broadcast, internet, mobile,
etc. The standard itself has evolved since 2003. This chapter summarizes recent extensions to
the standard and looks at what might come after H.264.

The so-called ‘Professional’ or ‘Fidelity Range’ extensions became the High Profiles of
H.264, tools for coding High Definition and studio content with very high reproduction
fidelity, described in earlier chapters.

The increasing need for coding the same original content at different bandwidths and display
resolutions led to the development of the Scalable Video Coding (SVC) extension to H.264,
standardised as H.264 SVC. SVC supports efficient coding of video in such a way that multiple
versions of the video signal can be decoded at a range of bitrates, spatial resolutions and/or
temporal resolutions or frame rates. By jointly coding multiple versions, it should be possible
to deliver them in a more efficient way than the alternative of coding and transmitting each
version separately.

There is a trend towards creating and delivering multiple views of the same video
scene. Stereoscopic video, with suitable display technology, gives the impression of a three-
dimensional (3D) image. Multiple views of a scene can give the user the option of choosing
their viewpoint. ‘Free viewpoint’ video can potentially deliver any view of a scene, by syn-
thesising intermediate views between actual camera positions. These ‘multiview’ applications
generally require coding of multiple, closely related video signals or views. Similarly to
SVC, Multiview Video Coding (MVC) exploits the correlation between these views to deliver
efficient compression. Tools for multiview video coding have been standardized as H.264
MVC.

The number of video compression formats continues to increase, with more and more
content being produced and coded into many different, incompatible compression formats.
Recent initiatives in configurable video coding address the problem of efficiently supporting
an increasing range of compression formats. MPEG’s Reconfigurable Video Coding (RVC)

The H.264 Advanced Video Compression Standard, Second Edition lain E. Richardson
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sub-group has defined a Video Tool Library, a set of standard Functional Units, building
blocks for video compression. A particular video codec may be specified by defining a
subset of Functional Units together with their parameters and interconnections. This should
make it possible to flexibly re-configure a video codec to support multiple standard and
proprietary formats. Going further, Fully Configurable Video Coding (FCVC) makes it possible
to completely define and implement an arbitrary video codec using a set of low-level primitive
operations and to change this definition during a video communication session. Potential
benefits of this approach include the ability to rapidly implement any new video coding
algorithm and to adapt the compression algorithm dynamically to suit the characteristics of
the current video scene.

H.264 has proved to be a useful and successful technical standard and continues to increase
its share of the video coding market. As processor capabilities continue to develop, the stan-
dards community are considering what should come after H.264/AVC. At the time of writing
(early 2010), the MPEG and VCEG groups are examining proposals for a next generation
video coding standard that is expected to offer better performance than H.264, probably at a
higher computational cost.

10.2 Scalable Video Coding
10.2.1 Simulcast transmission

A challenge for many video compression applications is to deliver multiple versions of a
video sequence at different operational points, i.e. different qualities, spatial resolutions and
frame rates. This can be done using conventional video codecs such as H.264/AVC by coding
each stream independently. This is simulcast. In a typical scenario (Figure 10.1), a single
source video is required to be transmitted to multiple decoders or clients, each with different
capabilities. In this example, the original video clip is coded three times to produce three
independent AVC streams, each of which is transmitted and decoded. The problem with the
simulcast scenario is that the three bitstreams contain significant redundancy, since the same
video sequence is coded in each bitstream at different resolutions and/or qualities. In theory, a
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smaller transmission bandwidth could be utilized by exploiting this redundancy between the
three streams.

10.2.2 Scalable transmission

Scalable Video Coding (SVC) attempts to deliver multiple coded versions of a sequence
using a lower overall bitrate than the simulcast scenario above. It does this by exploiting the
redundancies between the different versions, i.e. the correlation between different versions of
the same sequence coded at different operating points.

The same three sequences delivered using SVC are shown in Figure 10.2. A single SVC
encoder produces three coded bitstreams, described as layers. The lowest or base layer, layer
0 in the figure, is a stream decodeable using a standard single-layer decoder, e.g. an H.264
decoder, to produce a video sequence at the lowest of the available quality/resolution operating
points. One or more enhancement layers, layers 1 and 2 in this example, are coded as SVC
bitstreams. To decode a sequence at a higher quality or resolution, an SVC decoder decodes
the base layer and one or more enhancement layers. In this example, decoding layer O using
a standard AVC decoder produces the lowest quality output; decoding layers 0 and 1 using an
SVC decoder produces a higher quality output; decoding layers 0, 1 and 2 using an SVC decoder
produces the highest-quality output. The SVC coding process exploits redundancy between
sequences coded at different resolutions or qualities, by predicting successive enhancement
layers from the base layer and lower enhancement layers. In this way, it should be possible to
achieve the same displayed result as the simulcast system (Figure 10.1) at a reduced bandwidth
cost.

The general concept of a scalable coded bitstream is that ‘parts of the stream can be
removed in such a way that the resulting sub-stream forms another valid bit stream for some
target decoder’ [i]. Considering Figure 10.2, the scalable bitstream consists of the coded Layer
0, Layer 1 and Layer 2 streams. Decoding all three streams produces a high-quality output;
removing Layer 2 and decoding layers 0 and 1 produces a medium-quality output; removing
layers 1 and 2 and decoding just the base layer produces a low-quality output.
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10.2.3  Applications of Scalable Video Coding

Scalable video coding has been proposed for a number of application scenarios.

Multiple decoders: Increasingly, the same original video content is coded, transmitted and
viewed by multiple devices, each with different capabilities. For example, a movie trailer is
streamed to clients ranging from a handheld device with a low bitrate network connection
and a low-resolution display, to a PC with a high bitrate connection and a High Definition
display. A range of factors may limit the capabilities of a particular decoding device, in-
cluding connection bitrate, screen resolution and processing capacity. A scalable bitstream
should make it possible to support a wide range of decoding capabilities as efficiently as
possible.

Graceful degradation / enhancement: Whilst some applications such as broadcast television
tend to have a clearly-defined and consistent channel for video transmission, many other
applications use a channel that may change significantly during a communication session.
For example, IP-based applications such as video streaming or internet conferencing will
experience a varying channel throughput that depends on factors such as the amount of
traffic and congestion in the network. Scalable coding offers a mechanism for maximising
the quality at a particular point in time for a specific decoder. For example, a streaming server
transmits base and enhancement layers for a video source. A decoder attempts to receive each
of the available layers. If all layers are successfully received, the decoder extracts a sequence
at the maximum available quality. If the connection throughput drops, the decoder ‘drops
back’ to a lower-quality sequence by only receiving selected layers. As long as the base
layer is successfully decoded, a basic-quality video sequence can be displayed at all times.
This implies that the base layer is very important, i.e. a higher priority than the enhancement
layer(s).

Archiving: Storing a video sequence as a scalable coded bitstream can make it possi-
ble to rapidly decode a low-quality ‘preview’ of the video sequence. For example, a HD
sequence is coded as a number of scalable layers. Extracting only the base layer gives a
low quality version that is quick to decode and display, suitable as a preview of the entire
sequence.

10.2.4  Scalable video coding in H.264

Scalable Video Coding (SVC) is incorporated as Annex G of recent versions of the H.264/AVC

standard [i,ii] and extends the capabilities of the original standard. A software implementation,

the Joint Scalable Video Model, JSVM, is available for download and experimentation [iii].
H.264 SVC supports three main types or classes of scalability (Figure 10.3):

1. Temporal scalability: The base layer is coded at a low temporal resolution or low frame
rate; adding enhancement layers increases the frame rate of the decoded sequence.

2. Spatial scalability: The base layer is coded at a low spatial resolution; adding enhancement
layers increases the spatial resolution of the decoded sequence.

3. Quality scalability: The base layer is coded at a low visual quality using a high QP; adding
enhancement layers increases the visual quality of the decoded sequence.
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Example 1 — Quality Scalability:

Layer 0, base layer, is coded at a bit rate of 200kbps, at CIF resolution, 352 x 288 luma samples
per frame, and at 30 frames per second. Enhancement layer 1 is coded at a bit rate of 520 kbps
using quality scalability, i.e. the frame rate and resolution stay the same. A low-quality sequence
is obtained by sending the base layer over a 200kbps channel and decoding it. A high-quality
sequence is obtained by sending base + enhancement layers over a 720kbps channel. (See Table
10.1).

Table 10.1 Example: Quality Scalability

Encoder Decoder
Base Enhancement Base Base 4+ Enhancement
Resolution 352 x 288 352 x 288 352 x 288 352 x 288
Frames per second 30 30 30 30

Bitrate 200kbps 520kbps 200kbps 720kbps
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Example 2 — Spatial and Temporal Scalability:

Base Layer 0 is coded at a bit rate of 400kbps, with spatial resolution 320 x 240 luma samples
and at 15 frames per second. Enhancement Layer 1 is coded at a bit rate of 800kbps, a spatial
resolution of 640 x 480 samples and at 30 frames per second. In this example, spatial and
temporal scalability are used simultaneously. Decoding Layer O only (400kbps) gives a low-
resolution, low frame rate sequence; decoding layers 0 and 1 (a total of 1200kbps) gives a higher
resolution, higher frame rate output sequence. See Table 10.2.

Table 10.2 Example: Spatial + Temporal Scalability

Encoder Decoder
Base Enhancement Base Base + Enhancement
Resolution 320 x 240 640 x 480 320 x 240 640 x 480
Frames per second 15 30 15 30
Bitrate 400kbps 800kbps 400kbps 1200kbps

10.2.5 Temporal scalability

In a sequence coded with temporal scalability, the base layer 0 is coded at the lowest temporal
resolution, i.e. the lowest frame rate. Successive enhancement layer(s), when decoded with the
base layer, provide progressively higher decoded frame rates. Figure 10.4 shows a sequence
encoded as three temporally scalable layers. Layer O is coded at a frame rate Fy and consists
of coded frames 0, 6, 12, etc. An H.264/AVC decoder can decode layer O in isolation.

Layer 1 consists of frames 3,9, 15, ... etc. A decoder may decode layers 0 and 1 to produce
a higher-rate sequence (Figure 10.5) at 2F, frames per second. Layer 2 consists of frames 1, 2,
4,5,7,8, ... etc and a decoder that decodes layers O, 1 and 2 can deliver an output sequence
(Figure 10.5) at 6F, frames per second.

Temporal scalability can be achieved using the P- and/or B-slice coding tools available in
H.264/AVC. The examples in Figure 10.4 and Figure 10.5 are developed using the ‘Hierar-
chical’ or ‘Pyramid’ Group of Pictures structure discussed in Chapter 6 (section 6.4.7). For

(DD -

|j g B Layer 1 (Enhancement)
g B g Layer O (Base)

Figure 10.4 Temporally scalable sequence, 3 layers
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completeness, Figure 10.6 shows the prediction directions for this hierarchical structure. The
base layer consists of the I-slices every 12 slices and the first set of B-slices, B6, etc. Layer 1
consists of the second set of B-slices (3, 9, 15, etc) which are predicted from the base layer.
Layer 2 consists of the remaining B-slices which are predicted from layers 0 and 1. Hence the
following sub-sets may be independently decoded:

Layer 0, 10, B6, 112, etc
Layer 0 + Layer 1, 10, B3, B6, B9, etc.
Layer O 4+ Layer 1 + Layer 2, 10, B1, B2, B3, etc.

Because the necessary prediction tools, i.e. P or B pictures used for reference, are supported
in the Main and High Profiles of H.264/AVC, temporal scalability can be achieved without
the need for any extensions to the core H.264/AVC standard.

Layer 2 (Enhancement)

Layer 1 (Enhancement)

Layer O (Base)

Figure 10.6 Hierarchical prediction structure
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10.2.6  Quality scalability: overview

The base layer is coded using a particular quantizer parameter QP to produce the Layer O
bitstream (Figure 10.7). Consider a single video frame A. At the encoder, this coded frame is
decoded from the base layer and reconstructed (frame A’0). Frame A is re-coded at a lower
QP and hence a higher quality, with decoded frame A’0 available as a prediction reference,
to produce the enhancement layer bitstream Layer 1. Note that A’0 will typically be a very
effective prediction reference as it is identical to frame A except for distortion introduced by
compression. Note that the ‘usual’ prediction sources, previously-coded frames in the decoded
picture buffer, are also available for prediction of each macroblock.

A base layer decoder simply decodes frame AQ. An enhancement layer decoder requires
the decoded A, a prediction reference, to reconstruct the higher-quality frame Al.

This process may be repeated to form a ‘cascade’ of layers 0, 1, 2, etc, each layer (a) using the
reconstructed frame from the layer below as a prediction reference and (b) using a progressively
lower QP. Note that SVC provides tools that make it possible to reconstruct the enhancement
layers without fully decoding the base layer information (constrained inter-layer prediction).

10.2.7 Spatial scalability: overview

In the case of Spatial Scalability (Figure 10.8), the base layer has the lowest resolution and
successive enhancement layers can be decoded to provide higher resolution decoded frames
or fields.

An input video frame A is downsampled at the encoder to produce a low-resolution version
A’. Frame A’ is coded to produce the base Layer 0 and can be decoded to give low-resolution
output frame AQ. The encoder reconstructs AO and upsamples it to produce a reference frame
that has the same effective resolution as the original (A). This reference frame is used as
a prediction reference, enabling the encoder to produce the enhancement Layer 1. The up-
sampled AO will typically be a good prediction reference for frame A because it is the same
frame, with distortions due to downsampling, coding and up-sampling.

An enhancement layer decoder upsamples A0 and uses it to reconstruct the decoded en-
hancement frame Al. As with Quality scalability, this process may be repeated to give a
cascade of layers 0, 1, 2, etc. The highest-resolution layer has the same resolution as the
original sequence; lower layers are coded at progressively smaller resolutions.

10.2.8 Spatial scalability in detail

As discussed above, the base layer of a spatially scalable bitstream is encoded using the
usual H.264/AVC tools described in earlier chapters. Coding a macroblock in an enhancement
layer requires a number of changes depending on the type of prediction from the lower layer.
H.264 SVC goes beyond the basic approach of up-sampling the lower layer (section 10.2.7)
and provides several new prediction modes that improve the coding performance of spatially
scalable compression.

In an enhancement layer coder, e.g. Encoder 1 in Figure 10.8, there are a number of options
for predicting the current macroblock. First, all of the usual prediction options are available:
intra modes using samples from the current frame at the enhancement layer resolution, inter
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modes using samples from previously coded and reconstructed frames at the enhancement
layer resolution. Second, the following further options are available, using the upsampled
lower layer, the base layer in Figure 10.8, or the next lower-resolution enhancement layer, as a
reference layer. Note that the current MB position corresponds to a smaller block in the lower-
resolution layer. The following discussion assumes an 8 x 8 corresponding block in the lower,
reference layer, so-called dyadic scaling, or 2 x horizontal and vertical resolution in the
enhancement layer. However, arbitrary inter-layer scaling factors are supported by H.264/SVC.

Prediction options:

1. Upscale the reference layer.
For Intra blocks, scale the reference layer to the same resolution as the current layer (Figure
10.8) and use the reference layer as an extra prediction reference.

2. Base Mode: Use the prediction choices from the reference layer block.
When a Base Mode Flag is set to 1, only a residual is sent in the enhancement layer, with
no extra prediction choices, i.e. no intra prediction modes or inter partitions, references and
motion vectors.

If the co-located block in the reference layer was coded in Intra mode, the reconstructed
intra block from the reference layer is up-sampled using a 4-tap Finite Impulse Response
filter to produce a prediction for the current MB. This prediction is subtracted from the MB
to produce the enhancement layer residual.

If the co-located block in the reference layer was coded in Inter mode, the enhancement
layer block is predicted using Inter prediction, with (a) the same reference picture indices,
(b) partition choices that are up-sampled from the partitions in the reference layer and (c)
motion vectors scaled up from the reference layer motion vectors.

3. Motion vector prediction from the reference layer.
If a Motion Prediction Flag is set to 1, the current enhancement layer macroblock partition
is predicted using Inter prediction with (a) the same reference picture indices as the corre-
sponding reference layer block and (b) motion vector differences (MVD) created using the
up-scaled motion vectors of the reference layer as predictors (Chapter 6).

4. Residual prediction.
When a Residual Prediction Flag is set to 1, the enhancement layer residual is predicted
from the reference layer residual. First, the reference layer residual is up-sampled using
bi-linear interpolation and this up-sampled residual is subtracted from the original en-
hancement layer block. Then, the enhancement layer residual is formed using any of the
methods described above, i.e. conventional intra/inter prediction or base mode prediction.
The resulting difference signal is transformed, coded and transmitted as usual (Chapter 7).

Note that inter-layer prediction is constrained as follows. First, the only enhancement layer
macroblocks which may be coded with inter-layer intra prediction are those for which the co-
located reference samples are intra coded (constrained intra prediction). Second, constrained
intra prediction is mandatory for inter-layer prediction of higher layers. This means that intra
coded macroblocks in reference layers can be constructed without having to reconstruct any
inter coded macroblocks. Hence each layer may be decoded using a single motion compen-
sation loop (single loop decoding), resulting in significantly lower decoder complexity than
scalable video coding in earlier standards [i].
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10.2.9  Quality scalability in detail

H.264/SVC supports Coarse Grain and Medium Grain quality scalability. Coarse Grain Quality
Scalability (CGS) is effectively a special case of Spatial Scalability in which the upsampling /
downsampling factor is 1. This means that the enhancement layer resolution is the same as the
reference layer resolution (Figure 10.7). The enhancement layer is coded at a lower QP and
hence a higher quality than the lower, reference layer. All the ‘spatial’ scalable coding tools
described above may be use to predict the enhancement layer frame from the reference layer
reconstructed frame.

A typical application of quality scalability is to provide versions of the sequence coded at
different bitrates and quality levels, so that, for example, lower bitrate sub-sequences may be
extracted for transmission over channels with different capacities. With CGS, the number of
sub-sequence bitrates is limited by the number of layers. Providing a large number of bitrate
options using CGS requires a large number of layers, which tends to be complex and inefficient
to code.

Medium Grain Quality Scalability (MGS) addresses this limitation and makes it possible to
extract substreams at a wide range of bitrates from a scalable bitstream with a small number of
quality layers. Using MGS, any NAL unit in an enhancement layer may be discarded to leave
a fully decodeable bitstream. This makes it possible to produce a variety of output bitrates. For
example, discarding an arbitrary number of enhancement layer NAL units makes it possible
to meet an arbitrary bit rate target, within a certain margin of error. Figure 10.9 shows an
example. The complete scalable bitstream consists of Base Layer NALUs and enhancement

High bitrate /
high quality [Base [Enh| Enh | Base [Enh| Enh | Enh [Enh | Base [Enh]

Discard a small number of Enhancement NALUs

| Base [Ennh] [ Enh | | Base [Enh]

Discard a large number of Enhancement NALUs

Discard all Enhancement NALUs
Low bitrate /
low quality Base

Figure 10.9 Medium Grain Quality Scalability
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layer NALUs as shown. Using MGS, selected Enhancement Layer NALUs may be discarded
to provide sub-streams at a progressively lower bitrate. The lowest bitrate / quality point
is provided by the Base Layer stream, which consists only of Base Layer NALUs. SVC
specifies that motion compensated prediction parameters must not change between Base and
Enhancement layer representations of certain so-called Key Pictures. This prevents “drift”
between the motion compensated reconstruction of these Key Pictures at the encoder and
decoder. Drift is therefore restricted to non-Key Pictures.

10.2.10 Combined scalability

H.264/SVC provides considerable flexibility in the construction of a scalable bitstream, making
it possible to mix Spatial, Temporal and Quality scalability. For example, in Figure 10.10, the
base layer is up-sampled spatially and the up-sampled frames are used as references for B-
slices to produce a layer with spatial and temporal scalability. This is then used to predict a
further layer at the same spatio-temporal resolution but at a higher bitrate and quality.

10.2.11 SVC performance

For a given sequence that is required to be delivered at a range of bitrates, a key performance
question is as follows — does scalable coding give a smaller or larger bitrate than simulcast
coding?
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Example:

Two coded versions of a sequence are required to be delivered across a network. The choices
are (a) code low quality and high quality versions independently using AVC and deliver each
sequence (simulcast) or (b) code a low quality Base Layer and an Enhancement Layer that
can be decoded with the Base Layer to give the high quality version using scalable decoding.
Figure 10.11 illustrates the total bitrates of the two choices. In this case, the base layer of the
scalable version is coded at a higher bitrate than the corresponding simulcast version. This is
generally advisable in order to provide a good reference for predictions of the enhancement
layer. However, the total bitrate of the scalable version is lower than the combined simulcast
bitrate. In this example, scalable coding is more efficient in terms of total bitrate.

SIMULCAST
e SCALABLE
\-..______________./ \‘
——
— e
: . sve
AVC high quality enhancement
layer

—-—""H"-——-'
—

/’".-______-‘-"\
—————ce g
e~
) AVC/SVC
AVC low quality Base layer

\-——-"’\"'———-/

Figure 10.11 Simulcast vs. scalable bitrates

MPEG Technical Report N9577 [iv] compares the performance of SVC and AVC. This
report describes a series of tests in which the same video clips were coded using (a) AVC and
(b) SVC. The clips were coded at a number of quality levels and resolutions. In each case, a
low-rate clip and a high-rate clip were produced. The low-rate clip was coded (a) using AVC
and (b) as the base layer of a scalable stream. The high-rate clip was coded (a) as a separate
AVC stream and (b) as the enhancement layer of a scalable stream. The operating bitrates were
chosen such that the visual quality of the decoded sequences were approximately the same at
each rate point, low and high. The perceived quality of each clip was measured by combining
the opinion scores of a number of viewers (Mean Opinion Score, see Chapter 2).

Selected results from [iv] are shown in Figure 10.12, Figure 10.13 and Figure 10.14. Quality
scalability with two layers is tested in Figure 10.12 for the sequences ‘Ofer’ and ‘Paris’. The
lower rate point represents a 30fps CIF sequence coded at a low bitrate. The SVC base layer
rate and subjective quality, denoted as ‘Quality of the Highest Layer’, is slightly higher than
the AVC low rate stream. The upper rate point represents the total bitrate of (a) both the AVC
simulcast streams or (b) both the SVC layers. Note that the x-axis is cumulative bitrate. It is
clear that in this case, SVC achieves the same quality as AVC with a lower combined bitrate.
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Figure 10.12 Quality scalability at CIF resolution

As illustrated in Figure 10.11, the total rate for two simulcast streams is higher than the total
rate for two SVC layers.

Figure 10.13 shows similar results for combined spatial and temporal scalability. The lower
rate point represents 15fps, 320 x 240 video and the upper rate point represents 30fps, 640 x
480 video, coded as (a) two simulcast streams or (b) base and enhancement SVC layers. Once
again, the combined rate of the SVC layers is lower than the combined rate of the AVC streams,
for the same or better visual quality. It is interesting to note that ‘Crew’ SVC base layer is
actually given a very high quality score by the viewers. This may be due to the fact that the
low-resolution sequence (320 x 240 x 15fps) has fewer distortion artefacts than the high-
resolution sequence (640 x 480 x 30fps) and so is ranked approximately the same.

Finally, Figure 10.14 shows the results for the high-definition sequence ‘AlohaWave’ with
spatial scalability or AVC simulcast delivering 720p / 50fps and 1080p / 50fps streams. Once
again, SVC delivers the same or better quality at a lower combined rate than AVC. Note that
subjective quality appears to drop as the rate and resolution increase. Again, this is probably
due to the fact that more obvious coding distortion appears in the higher-resolution sequence.

The results presented in [iv] show a clear, if relatively modest, benefit from using SVC
to deliver multiple versions of a sequence at different rate, quality and resolution points.

"Crew" 320x240x15fps -> "Soccer" 320x240x15fps ->
640x480x30fps 640x480x30fps

SRS 4

6 L

-=4-- SVC (Spatial+temporal scalability) —0—AVC --e-- SVC (Spatial+temporal scalability) —0— AVC

Quality of highest layer
N

Quality of highest layer
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0 500 1000 1500 0 200 400 600 800 1000
Rate (cumulative) Rate (cumulative)

Figure 10.13 Spatial 4 temporal scalability, CIF — 4CIF resolution
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Figure 10.14 Spatial scalability, 720p — 1080p resolution

Despite the fact that scalable coding has been an active research topic since the early 1990s
and has been incorporated into earlier standards such as MPEG-2 Video and MPEG-4 Visual,
it has not been widely adopted by the video coding industry, perhaps because the cost and
complexity outweighs the technical advantages. However, there are some indications that
H.264 SVC is a more attractive commercial proposition, with recent product announcements
in the videoconferencing market [v,vi].

10.3 Multiview Video Coding

Multiview video is video data that incorporates multiple concurrent versions of a particular
scene. An example is shown in Figure 10.15; these three images are three simultaneous views
of the same real-world scene, taken from different viewpoints. Potential implementations of
multiview video include:

(a) Stereoscopic video. A stereo pair of views of the scene are combined, e.g. using data glasses
or autostereoscopic displays, giving the illusion of a three-dimensional view, albeit with a
limited viewing angle (Figure 10.16).

(b) 3D video. Multiple actual or rendered views of the scene are presented to the viewer e.g.
using ‘virtual reality’ glasses or an advanced autostereoscopic display, so that the view

Figure 10.15 Three views of the same scene
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Figure 10.16 Multiview video : view examples

changes with head movements and the viewer has the feeling of ‘immersion’ in the 3D
scene (Figure 10.16).

(c) Free-viewpoint video. A limited number of views of the scene are available, e.g. from
multiple cameras at a sports game or multiple surveillance cameras. The viewer may
select an arbitrary viewing angle. If this view does not exist, it is rendered or created from
the available ‘real’ views (Figure 10.16).

Applications of multiview video include 3D television, advanced surveillance systems,
immersive teleconferencing and gaming.

In a similar way to scalable video, multiview video content has inherent redundancy and the
purpose of Multiview Video Coding (MVC) is to capitalise on this redundancy and efficiently
code a multiview video scene. Figure 10.17 shows sequences of video frames corresponding
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=
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Of{1]]2]]|3||4]||5]||6[|7[|8]]|9]| View2
el L L e
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Figure 10.17 Multiview video : views and frames
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to a series of views of a multiview scene. Each view consists of a series of frames or fields that
may be coded as a separate H.264/AVC stream, i.e. simulcast coding of each view. However,
there is likely to be a correlation between views, particularly if the camera positions are close
together. Hence frame 0 of view 0 may be strongly correlated with frame O of view 1, if the
camera positions are close; frame 0 of view 1 may be correlated with frame 0 of view 2; and
SO on.

10.3.1 H.264 Multiview Video Coding

The inherent redundancies in a multiview scene can be exploited by introducing predic-
tions between views, i.e. inter-view prediction structures. This has required an extension to
H.264/AVC, known as H.264 Multiview Video Coding (H.264 MVC). H.264 Multiview Video
Coding is incorporated as Annex H into a draft revision of H.264/AVC [vii, viii]. Reference
software is available at [ix].

An example of interview prediction is shown in Figure 10.18. View 0 (top) is predicted
using a hierarchical GOP structure (Chapter 6) using conventional H.264/AVC tools. Each
GOP consists of an I slice or ‘key picture’ followed by seven B slices. This means that View 0
can be decoded by an AVC or MVC decoder and can be considered as the Base layer or Base
view. Each of the other views uses a similar prediction structure, except that the key pictures
are now P slices, predicted from an I or P slice in the previous view. Inter-view correlation

)
)
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BquB-%B-B-B B View 0
L L L L L L L~
P Y T 1 11 ral
B||B 898 B||B B View 1
L L L L L L L
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Bl|B 898 B||B B View 2
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el T T 1 1 1 1
B||B BaB B||B B View 3
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Figure 10.18 Interview prediction of key frames
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Figure 10.19 Inter-view prediction of all frames

means that the P slices in views 1, 2, 3. .. are likely to be more efficiently coded than I slices
in the same positions.

A more complex prediction structure includes interview prediction for every picture (Figure
10.19). Hence any B- or P-slice in views 1, 2, 3, ... has a picture in another view available as
a reference for prediction.

Annex H to H.264/AVC specifies a number of additions to the basic H.264 syntax to support
MVC, including:

Sequence Parameter Set: specify views and anchor or key picture references.

Reference Picture List: structured to include support for inter-view prediction.

NAL Unit order: modified to allow the use of a Prefix NALU, containing extra information
about the Base view. This special Prefix NAL Unit may be discarded by an AVC decoder
that is not MVC-compatible, so that the base view may still be decoded.

® Picture numbering and reference indices: modified to support multiple views.

MVC has to face the same challenge as SVC, namely, are the benefits of MVC worth the
extra complexity compared with conventional simulcast coding of multiple views? Multiview
video applications are still at a relatively early stage and there is not yet evidence that H.264
MVC will become popular in the industry as a coding technology. However, the popularity of
stereoscopic (“3D”) films such as “Avatar” is leading manufacturers to develop stereoscopic
TV and Blu-Ray solutions.
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Figure 10.20 Overview of configurable video codec

10.4 Configurable Video Coding

H.264/AVC is a relatively recent addition to a series of popular video coding formats, starting
with the early standards ITU-T Recommendation H.261 and ISO/IEC MPEG-1 and including
an increasing number of standard and non-standard formats. Coding formats such as MPEG-2
Video, MPEG-4 Visual, VC-1 and H.264/AVC are widely used in current devices and systems.
None of these formats or standards is inter-operable, i.e. video coded in one format can only
be decoded by a decoder supporting the same format. As the digital video market continues to
grow, this presents an increasing problem for device and codec manufacturers as they are faced
with the need to support multiple, incompatible coding standards [x] leading to over-designed
decoding products. The challenge of efficiently supporting multiple coding formats has led
to increased interest in configurable video coding solutions. All of the current formats have
certain aspects in common, such as block-based operation, inter-frame prediction and various
forms of transform and entropy coding. Finding a way to exploit these commonalities may
make it possible to efficiently and flexibly support multiple video coding formats.

The general concept of a configurable video codec is illustrated in Figure 10.20. At the
encoder side, video is compressed using a particular configuration of video encoder, e.g. using
a standard or non-standard coding format. Configuration information and coded video data
are sent to the decoder. The configuration information is used to generate or configure a video
decoding algorithm. The configured video decoder then proceeds to decompress the coded
video sequence.

A configurable coding system has the potential to greatly increase the flexibility of a video
codec, making it possible to re-configure the codec to handle multiple existing video formats,
or ‘upgrading’ the decoder to handle a new coding format. Key questions for the design of
such a system include:

Should the configuration be completely flexible, or should it be limited to a number of

pre-defined options?

When should configuration occur — at the start of a communication session, during a com-

munication session or both?

¢ Can a re-configurable codec achieve the same computational performance as a ‘hard-wired’
or fixed software or hardware codec?

® What impact does this approach have on issues such as inter-operability with existing codecs,

random access to video streams and intellectual property questions such as license rights to

coding algorithms?
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Figure 10.21 Reconfigurable Video Coding scenario

10.4.1 MPEG Reconfigurable Video Coding

MPEG’s Reconfigurable Video Coding (RVC) initiative builds on concepts originally proposed
over ten years ago [xi] and aims ‘to provide a framework allowing a dynamic development,
implementation and adoption of standardized video coding solutions with features of higher
flexibility and reusability’ [xii].

The RVC sub-group of MPEG has developed two standards that enable flexible re-
configuration of video codecs to support a number of coding formats in an efficient way.
In the RVC model, a decoder is specified as an interconnected set of Functional Units (FUs)
which are decoding tools such as inverse transforms and entropy decoders. The available FUs
are specified in the Video Tool Library (VTL) standard [xiii]. A particular decoder is defined
by a Codec Configuration Representation [xiv], which describes a bit stream format and a set
of FU interconnections and parameters. The Codec Configuration Representation is specified
prior to starting a decoding session. Hence, an RVC video decoder is constructed from a set of
pre-defined decoding tools. An existing or new video format can be supported by reconfiguring
the RVC decoder, provided the format uses standard FUs from the Video Tool Library.

Figure 10.21 illustrates a typical RVC decoding scenario. In order to decode a video
bitstream, the decoder needs to know (a) how to parse the bitstream and extract the coded data
elements and (b) how to decode these elements. The RVC decoding engine receives BSDL
and DDL specifications in compressed form. The decoder composition module generates a
decoding solution, an actual video decoder, based on the BSDL and DDL specifications. It
makes use of selected FUs from the Video Tool Library and connects these according to the
DDL. Once the decoding solution has been generated, it can then decode the video bitstream.
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The MPEG RVC approach has a number of potential benefits. A decoder can be modified to
decode a different format by sending new BSDL/DDL descriptions, enabling efficient support
for multiple coding formats. A non-standard coding format can be supported provided it uses
FUs available to the decoder, i.e. FUs in the decoder’s VTL. In practical terms this means that
a new format should use FUs standardized by MPEG. A new coding tool can be proposed to
MPEG for standardization as a new FU — a potentially faster, simpler route than creating a
complete new video coding standard.

Two key constraints deliberately selected for the RVC model are:

1. A coding format must use combinations of coding tools (FUs) that are specified in the
VTL. Introducing a new tool that is not in the VTL is likely to require a lengthy process of
standardizing and disseminating a new version of the VTL.

2. The decoder configuration is fixed for the duration of a communication session, i.e. there is
limited potential to change the coding algorithm if and when the characteristics of a video
sequence change.

10.4.2  Fully Configurable Video Coding

Fully Configurable Video Coding (FCVC) has been proposed as an alternative to, or an
evolution of, the RVC approach. FCVC differs from RVC in two ways:

1. The transmitted configuration information completely describes the video decoding algo-
rithm. This means that (a) a library of pre-defined video coding tools is not necessary at
the decoder and (b) any existing or new video coding algorithm can be configured.

2. Re-configuration can occur at any point during a video communication session. This makes
it possible to adapt the video coding algorithm dynamically, for example changing aspects
of the algorithm based on the statistics of the video sequence.

In the FCVC framework (Figure 10.22) a common decoding engine, the Universal Video
Decoder (UVD), can be configured to decode any video sequence or syntax [xv]. In a typical
application, the UVD initially has limited or no knowledge of the decoding methods required
for a particular video bitstream. The encoder sends a set of configuration commands, the
Decoder Description Syntax (DDS) which define the decoder design in terms of a set of
primitive operations and interconnections. The UVD generates and connects new functional
processing units according to these commands and can then proceed to decode the video
bitstream. At a later point, the encoder may signal a change in configuration by sending
new Decoder Description Syntax; the UVD implements the change and continues to decode
the bitstream using the changed syntax or functionality. FCVC has the following benefits
compared with conventional approaches:

(i) Any video decoding processes may be defined and created using a set of low-level con-
figuration commands, or primitives for describing decoding operations. New algorithms
can be implemented in decoders in a very short timescale which implies a short time-to-
market.
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(i) Re-configuration can be carried out dynamically, enabling on-the-fly adaptation. This
allows the codec to change its configuration to suit the video sequence, delivering optimal
or near-optimal compression efficiency.

(iii) A single Universal Video Decoder can be re-configured to support any existing or new
coded video format.
(iv) The Universal Video Decoder is programmed with only the tools it needs.

Recent efforts have focussed on developing and optimizing a prototype FCVC system [xvi]
and on investigating the potential for combining aspects of FCVC and RVC [xvii].

10.5 Beyond H.264/AVC

First standardized in 2003, H.264/AVC is now a relatively mature technology. Other formats
such as VC-1 and AVS can arguably offer similar performance but H.264 is certainly one of
the leading formats in terms of compression efficiency at the time of writing (early 2010).
The Moving Picture Experts Group (MPEG) and Video Coding Experts Group (VCEG) are
examining the need for anew video compression standard. Following a Call for Evidence [xviii]
several proposals for improved video compression were presented at an MPEG meeting in July
2009. The consensus was that (a) there is likely to be a need for a new compression format, as
consumers demand higher-quality video and as processing capacity improves and (b) there is
potential to deliver better performance than the current state-of-the art. A number of different
techniques were proposed, including decoder-side motion estimation, larger macroblock sizes
(up to 32 x 32), more sophisticated in-loop deblocking filters, adaptive transform sizes and
improved intra prediction. In general, all of these proposed algorithms offer the potential for
better compression performance at the expense of increased computational complexity.
Results of subjective comparison tests of the new proposals led the committee to conclude
that “for a considerable number of test cases significant gain over AVC High Profile could be
achieved’ [xix]. For many of the tested video sequences, the proposed new algorithms led to
improvements in subjective quality of one point or more on the MOS scale (Chapter 2). This
implies that there is scope for a new coding format that significantly out-performs H.264/AVC.
The current plan is to set up a Joint Collaborative Team (JCT) of MPEG and VCEG
representatives to work on a new video coding standard. Proposals for the new standard will
be reviewed in 2010 and a new standard could be finalized around 2012/2013. It will aim to
deliver significantly better compression performance than H.264/AVC, probably at a higher
computational cost. A working title for the new standard is still under discussion.

10.6 Summary

H.264/AVC was always conceived as a toolkit of coding algorithms that could be extended
to meet future needs. Recent extensions have included the Scalable Video Coding (SVC) and
Multiview Video Coding (MVC) Annexes, which build on the basic standard to add support
for efficient coding of multiple, correlated video streams. SVC is designed to accommodate
multiple versions of the same video scene, at different spatial and temporal resolutions and
at different bitrates, whereas MVC is intended to handle multiple closely-related views of a
scene. For both SVC and MVC, better compression efficiency is achieved at the expense of
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increased complexity. Despite some market interest in SVC, it remains to be seen whether
either of these extensions will be widely adopted.

Looking beyond H.264/AVC, two trends considered in this chapter are to (a) ‘open up’ video
coding by allowing flexible re-configuration of coding tools and to (b) develop a new, higher-
performance standard that improves compression efficiency. These trends are not necessarily
mutually exclusive. There is likely to be a continued need for better compression efficiency, as
video content becomes increasingly ubiquitous and places unprecedented pressure on restricted
network connections. At the same time, the challenge of handling ever more diverse content
coded in a wide variety of formats makes reconfigurable coding a potentially useful prospect.
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