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Abstract
Video communication applications are prevalent in our digital society. Smart phones and
other mobile devices like tablet computers are equipped with both high-resolution displays
and cameras, which allow digital video communication almost whenever and wherever
desired. Leading-edge technologies from multiple fields like digital communications and
digital signal processing jointly enable high quality video applications as we know it today.
However, capabilities like processing power, energy supply, display size, or the supported
video formats of the devices in the field are very heterogeneous. Moreover, also the network
conditions may vary significantly. This challenge is tackled by scalable video coding, which
creates bit stream layers of the same content but with different properties, denoted as base
layer and enhancement layer. Depending on the network and receiver device capabilities,
only the base layer or both layers may be transmitted and decoded. However, scalable
video coding with the possibility for lossless reconstruction of individual pictures is not
optimally supported by state-of-the-art approaches. Additionally, the specific scalability
of the color resolution is not possible by the state of the art. Consequently, two scalable
coding schemes that support these requirements are proposed in this thesis.
The first scalable coding framework encodes the residual signal of the base layer in a
lossless manner. Pixel-wise intra picture prediction is applied, that is efficient for lossless coding and retains the individual access to single pictures. The experimental results
showed that there is no bit rate overhead for the scalable representation compared to
state-of-the-art direct lossless coding with only one layer, when intra picture coding is
considered. Exploiting temporal correlations by means of inter picture coding of the base
layer allows to unite the advantages of both approaches, base layer video coding optimized for lossy compression and lossless enhancement layer coding. An extension of this
approach supporting near-lossless coding is also presented in this thesis and outperforms
the state of the art in most cases.
The second enhancement layer codec proposed in this thesis allows to reconstruct
the high-resolution color format when the base layer is compressed using a reduced color
component resolution. Experiments showed that scalable coding can increase the average
quality in terms of the peak signal-to-noise ratio by 1.82 dB compared to base layer coding
only. Additionally, a novel metric to measure the artifact level originating from the
reduced color component resolution is introduced in this context.
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Kurzfassung
Anwendungen der Videokommunikation sind in der heutigen Gesellschaft allgegenwärtig.
Smartphones und andere mobile Geräte wie Tablet-Computer sind mit hochauflösenden
Displays und Kameras ausgestattet. Dadurch ermöglichen sie digitale Videokommunikation an fast allen Orten und zu fast jeder Zeit. Das Zusammenspiel hochmoderner Verfahren aus verschiedenen Bereichen wie digitaler Kommunikationstechnologie oder digitaler Signalverarbeitung ermöglicht hochqualitative Videoanwendungen, wie wir sie heute
kennen. Probleme bereitet allerdings die Tatsache, dass die Leistungsfähigkeiten verbreiteter Computer oder mobiler Endgeräte bezüglich Rechenleistung, Energieversorgung,
Displaygröße oder der unterstützen Videoformate sehr unterschiedlich sind. Auch die
Netzwerkbedingungen können stark schwanken. Ein möglicher Ansatz, um mit diesen
Schwierigkeiten umzugehen, stellt skalierbare Videocodierung dar. Hierbei werden mehrere
Datenströme mit unterschiedlichen Eigenschaften erzeugt. Der Basisdatenstrom kann
damit durch einen Zusatzdatenstrom aufgewertet werden, beispielsweise bezüglich der
Qualität. Abhängig vom Netzwerk und den Fähigkeiten des Empfängergeräts können
nur der Basisdatenstrom oder beide Datenströme übertragen beziehungsweise decodiert
werden. Skalierbare Videocodierung mit der Möglichkeit der verlustlosen Rekonstruktion
einzelner Bilder wird durch aktuelle Verfahren jedoch nicht optimal unterstützt. Außerdem ist es aktuell nicht möglich speziell die Auflösung der Farbkomponenten durch die
Übertragung eines Zusatzdatenstroms zur erhöhen. Aus diesen Gründen werden in dieser
Arbeit zwei Verfahren zur skalierbaren Codierung vorgeschlagen, die genau diese Anforderungen erfüllen.
Im ersten vorgeschlagenen skalierbaren Verfahren wird die Differenz zwischen dem Eingangssignal und dem decodierten Basisdatenstroms verlustlos codiert. Hierzu wird pixelbasierte örtliche Prädiktion angewendet, da diese eine effiziente verlustlose Codierung
ermöglicht und gleichzeitig die Möglichkeit des Zugriffs auf einzelne Bilder im Zusatzdatenstrom bewahrt. Codierexperimente zeigen, dass für den Vorteil der skalierbaren
Repräsentation keine zusätzliche Rate aufgewendet werden muss verglichen mit dem Stand
der Technik bezüglich direkter verlustloser Codierung mit nur einem Datenstrom, wenn
ausschließlich Intra-Bild-Codierung angewendet wird. Die Ausnutzung zeitlicher Korrelation mithilfe von Inter-Bild-Codierung des Basisdatenstroms vereint die Vorteile beider
Verfahren: Für den Basisstrom kann ein gängiger, für verlustbehaftete Kompression op-
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timierter Codec, verwendet werden, während die Codierung des Zusatzstromes für verlustlose Kompression optimiert wurde. Eine Erweiterung dieses Ansatzes für annähernd
verlustfreie Codierung wird ebenfalls in dieser Arbeit vorgeschlagen und ist alternativen
aktuellen Methoden in den meisten Fällen überlegen.
Der zweite in dieser Arbeit eingeführte Codec für einen Zusatzdatenstrom erlaubt die
Rekonstruktion der vollen Farbauflösung durch den Zusatzstrom, wenn der Basisdatenstrom nur eine reduzierte Auflösung der Farbkomponenten enthält. Experimente zeigen,
dass dieses Art der skalierbaren Codierung eine mittlere Verbesserung des Spitzen-SignalRausch-Verhältnisses um 1.82 dB gegenüber dem Basisdatenstrom erreicht. In diesem
Kontext wird auch eine neue Fehlermetrik eingeführt, die den Grad der visuellen Beeinträchtigung durch reduzierte Farbauflösung ermittelt.
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1 Introduction
Only a few decades ago, image and video applications were dominated by analog technology. Regarding the consumer market, there were devices like analog cameras to take
photos and video recorders to play back video cassettes or record television broadcasts.
Only relatively few people owned analog camcorders to create their own movies of special
events like weddings or holiday trips. The first generations of the upcoming mobile phones
were mainly designed for telephony and supported text messages as additional feature.
Only a few years later, most of these mobile devices were equipped with color displays.
Digital cameras were introduced into the consumer market as well, and were not only
able to take photos but could also record videos. Several years later, the technologies
of mobile phones and digital cameras were merged. Nowadays, basically every mobile
phone is equipped with a digital camera and is thus able to acquire pictures and to record
videos that can rapidly be sent to other users via the mobile data network or a wireless
network connection. The general structure of such a video communication system is depicted in Figure 1.1. It consists of the camera, which is the information source, a pair
of encoder and decoder (codec), and the network that connects sender and receiver. The
fact that all required technologies to participate in such a video communication system
(camera/display, encoder/decoder, network interface) are combined in handy devices like
smart phones make this technology very convenient and is certainly an important factor
for today’s popularity of video communication.
Over time, new technology in this field of video communication was able to enhance
already existing applications and is, at the same time, the driving force for new applications evolving. Improvements regarding the compression efficiency of video and possible
transmission rates for channels like the internet enable new video applications that had
not been possible a few years ago. Similarly, other factors like the quality of digital
cameras and displays play an important role. Accordingly, the need for more efficient
compression and transmission technologies arises again which stimulates further research
in these areas.
The increasing variety of applications consistently leads to new requirements regarding the components of the video communication system. Considering the video codec,
the major task of efficient compression is typically constrained by factors like real-time
capability, delay, maximum and average bit rate, or energy consumption. Modern video
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Display

Encoder

Decoder

Sender

Receiver

Camera

Network
Figure 1.1: Basic structure of a video communication system, where the camera is the
information source and the display is the information sink. Camera and encoder form a
sender device. A receiver device consists of decoder and display. Both sender and receiver
are additionally equipped with a network interface, that is not shown here. The system
may contain multiple receiver devices for certain applications.

coding standards like H.264/MPEG-4 Advanced Video Coding (AVC), H.265/MPEG-H
Part 2 (HEVC), and VP9 can incorporate many of these constraints. Another very important factor is the video quality that can be reconstructed at the receiver. For consumer
applications the encoding procedure is typically lossy in order to limit the utilized bit
rate.
However, there are also a lot of professional applications in the context of video communication, many of them demanding lossless or near-lossless compression. This may be
necessary for a detailed inspection of the images by humans. Additionally, image post
processing techniques like super-resolution imaging or the automated image analysis by
computers, e.g., using machine-learning techniques, would benefit from a high reconstruction fidelity, too. A typical example for this is medical imaging, where coding artifacts are
not accepted. Lossless coding is usually feasible here, as long as sender and receiver are
connected to the clinic infrastructure. Problems arise when the sender or the receiver are
represented by mobile devices, which may utilize public communication networks. In this
case much stricter constraints need to be fulfilled, for example a low maximum bit rate,
adaptability to varying network conditions, or limited processing power and energy supply.
One example for this scenario is telemedicine, where a very high reconstruction quality is
required to ensure the correct diagnosis. Another example is the usage of so-called body
cameras that are attached to the uniform of police officers. The video recorded by such a
camera may be transmitted to the command center, where assistance for the officer can
be provided. For this application a high reconstruction fidelity is desired as well, in order
to properly recognize details like faces. What telemedicine and body cameras have in
common is that a lossless or near-lossless reconstruction quality may not be required for
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all transmitted frames, but only for a small subset. Lossy compression may be acceptable if it is possible to enable lossless compression for specifically selected pictures. This
allows to save bit rate and reduces the energy consumption of the mobile devices. Being
able to decode different quality levels of one video is called scalable coding. Multiple
scalable video coding schemes have already been standardized, for example the Scalable
Video Coding (SVC) extension of the AVC standard or the scalable extensions of the
HEVC standard, denoted as Scalable High Efficiency Video Coding (SHVC). However,
these schemes have two drawbacks. First, their coding efficiency can be considered as
suboptimal for lossless coding as they are not optimized for this use case. Second, they
are not designed for quality scalable coding of individual pictures but can only increase
the quality of an entire video stream. To enable efficient compression in the described
example scenarios a scalable coding scheme is proposed in Chapter 4 of this thesis that
specifically targets applications like telemedicine or body cameras. More details about
the example scenario and similar use cases can be found in Section 3.2.1.
The video content of the applications described so far consists of real-world scenes
captured by cameras or medical data. These two types are denoted as natural content.
Natural content is often represented with a reduced resolution of the color components,
which is hardly perceivable for this type of content. Consequently, the reduced resolution
of the color components is typically untouched when scaling the quality of the compressed
video. However, this color format leads to disturbing artifacts for screen content, which
needs to be transmitted for screen sharing applications. Traditional quality scalable coding
is not sufficient any more for this scenario because it is unable to reconstruct the full
color resolution. Considering non-scalable video compression, there are codecs available
that support the full color resolution. However, efficient decoder implementations of these
codecs are hardly available. More details about this issue can be found in Section 3.2.2. To
solve this problem a scalable solution based on prevalent reduced color resolution coding
is suggested in Chapter 7 of this thesis, where additional data for the reconstruction of
the full color details is transmitted in a separate data stream. Consequently, a basic
version of the video with reduced color fidelity can be decoded by all devices, and the
full color resolution can be reconstructed by those devices supporting the proprietary
supplementary data stream.
The remainder of this thesis is structured as follows. The subsequent chapter provides
details about the conversion processes that are involved to achieve the color format typically used for natural video content. This includes color space conversion followed by
reducing the resolution of the color components, denoted as sub-sampling. The steps required to return to the original color space are also described in this chapter. It has to be
noticed, however, that the entire conversion process is not lossless. Moreover, in practical
implementations typically only approximations of the mathematically exact color space
conversions are employed. This is addressed in the final part of this chapter.
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Chapter 3 outlines the basic principles of state-of-the-art video compression. Starting
with the underlying concept of block-based hybrid video coding, the basic functionality of
current video encoders is then described. Subsequently, the concept of scalable coding is
introduced and an overview of the literature about scalable coding schemes is presented.
It is explained that state-of-the-art scalable video coding frameworks are not suitable for
the applications targeted in this thesis and the need for novel scalable codecs is motivated.
Finally, this chapter summarizes common coding techniques that are applied in state-ofthe-art codecs and are reused in the proposed codecs as well.
The framework for scalable lossless or near-lossless coding is introduced in Chapter 4.
After the overview of the suggested system for scalable lossless compression, the individual
components of that system are explained. Subsequently, this system is extended to also
support scalable near-lossless coding, where a certain maximum absolute reconstruction
error is tolerated. Both coding schemes are experimentally evaluated in this chapter. Note
that the scalable system considered in this chapter only supports quality scalable coding
within the domain of the reduced color resolution. In contrast to that, scalable coding
regarding the color resolution is considered in the following chapters.
For this purpose, Chapter 5 introduces a test data set of screen content sequences.
This data set has been assembled based on two existing sets and extended by newly
recorded test sequences. This chapter provides details about the recording process and
how the final data set is composed.
Based on the created screen content data set, the influence of reducing the color
resolution for screen content images is analyzed in Chapter 6. First, an overview of general
metrics measuring the quality of screen content images is provided. This analysis of the
existing methods reveals that none of these metrics is capable of properly modeling the
perceived error that is introduced by sub-sampling the color components. Consequently,
a new metric is proposed that specifically focuses on the considered artifacts created by
color component sub-sampling. This novel metric is validated by means of comparing the
objective results to subjective scores that were gathered by a subjective test. Finally,
this chapter compares different filters that may be used to conduct the color component
resolution conversions and evaluates the achieved qualities.
In Chapter 7 the proposed scheme for scalable coding of the color resolution is presented. At the beginning, an overview of the system is given, followed by explanations
of the principles that are underlying the coding scheme. Subsequently, it is described
how the codec works in detail and how it may be implemented. Eventually, the proposed
approach is evaluated by means of coding experiments.
Finally, a summary of this thesis is provided in Chapter 8. In addition, this chapter
draws conclusions based on the presented work and suggests promising future research
topics as an outlook.
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The major contributions of this thesis are summarized as follows:
• The introduced compression framework for scalable coding of videos within the
chroma sub-sampled domain joins the two areas of lossy video compression and
lossless or near-lossless image coding [HWK17, HWK14a, HK17]. Due to the applied principal of transform coding, state-of-the-art video coding can efficiently exploit temporal correlations, but is predominantly optimized for lossy compression.
Compared to that, lossless and near-lossless coding approaches are mostly applied
for image compression. The proposed framework combines both concepts and thus
unites the strengths of both. At the same time, it allows their independent optimization. For example, it can be easily adapted to future video codecs in order to
exploit their increased efficiency.
• The processes of chroma sub-sampling and the reconstruction of the full resolution
without any influence of coding is analyzed. Various filters to be used within these
conversion procedures are evaluated and the filter combination that performs best
in terms of quality and computational complexity is determined.
• Chroma sub-sampling artifacts are analyzed and an objective metric to measure this
specific artifact type is introduced [HWF+ 17]. This metric is validated by means of
a subjectively evaluated data set that is created [HWF+ ].
• Based on the selected filters for chroma resolution conversion and the introduced
metric, the framework for scalable coding of the chroma resolution is proposed
[HPGK18]. It can be used in conjunction with any other video codec that supports
reduced resolution chroma format compression and is backward compatible to this
codec that is employed. This scalable framework is designed for screen content
and exploits the specific properties of this type of data. Moreover, a rate control
algorithm is developed to control the overall bit rate. The experimental evaluation is
performed on a comprehensive test set that is created and reveals significant quality
gains compared to compression that is limited to the sub-sampled chroma domain.
To conclude, common state-of-the-art video codecs are suboptimal for certain applications
with specific requirements. By the proposed extensions of these codecs to scalable compression schemes, it is possible to exploit the coding efficiency of the state-of-the-art video
codecs but to achieve the application-specific requirements with reasonable overheads in
terms of bit rate and computational complexity.
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2 Color Format Conversions in Digital
Video Transmission Systems
The task of video transmission is to send a sequence of images from the information source
to the target information sink, where both may be located at different places or access
the data at different points in time. Also a combination of both is possible. The medium
for the transportation of the video information over time and space is called the channel,
which may be, e.g., a wired or a wireless connection between sink and source, or a hard
disk.
State-of-the-art digital video transmission systems consist of many individual parts.
Each of these parts is complex taken by itself having a history of development and optimization of many years now. A simplified overview of such a system is depicted in
Figure 2.1. All involved signals are depending on the two-dimensional spatial coordinate
x = (m, n) and the discrete time index t. The spatial coordinate x is an element of the
image domain X ⊂ Z2 . With the height M and the width N of the original input image,
these coordinates are in the range 0 ≤ m < M and 0 ≤ n < N . The vector notation is
used here for the signals consisting of three components as well as for the spatial coordinate x to indicate that those are vector quantities. This notation is used throughout the
thesis. Moreover, a three component signal at a specific location x is denoted as a pixel
of the image. Each scalar component at x is referred to as sample.
Typical sources like digital cameras or computer graphics cards emit video signals in
the R0 G0 B0 color space denoted as uR0 G0 B0 [x, t]. This R0 G0 B0 signal consists of the three
color components red (R0 ), green (G0 ), and blue (B0 ). The prime symbols indicate that
these values are the so-called gamma-corrected versions of the linear RGB tristimulus
values that are actually measured by digital cameras. Gamma correction is performed by
a nonlinear transfer function that is applied to the measured linear RGB values. Accordingly, R0 , G0 , and B0 are also denoted as the nonlinear red, green, and blue components. An
example of such a nonlinear transfer function for gamma correction is given in [ITU15b].
The gamma-correction itself is not scope of this thesis, and therefore also not shown in
Figure 2.1. Nevertheless, the notation is chosen to reflect this issue in order to be better
aligned with the literature.
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Y0 CbCr 4:2:0 codec

source

uR0 G0 B0 [x, t]

R0 G0 B0 to 4:4:4

u[x, t]

ǔ[x, t]
4:4:4 to 4:2:0

Encoder

Channel

sink

ṽR0 G0 B0 [x, t]

4:4:4 to R0 G0 B0

ṽ[x, t]

v̌[x, t]
4:2:0 to 4:4:4

Decoder

Figure 2.1: Overview of a state-of-the-art video transmission system including the required
color format conversions to use prevalent codecs optimized for compression of data in the
Y0 CbCr 4:2:0 format.
Typical prevalent video codecs focus on the efficient compression of video data in
the so-called Y0 CbCr 4:2:0 format, consisting of the luma component Y0 and the color
difference components CB and CR , which are also called chroma components. The 4:2:0
format means that the color difference components are sub-sampled compared to their
full resolution in the Y0 CbCr 4:4:4 format. This can be interpreted as a first step of the
lossy encoding, which is performed because the human visual system is more sensitive to
brightness changes than to color changes. Consequently, appropriate color space and color
difference format conversions are required as pre-processing before encoding. Accordingly,
respective conversions back to the R0 G0 B0 color space are needed before displaying the
signal at the sink. Color space conversion and color difference format conversion are
considered as two independent processes here. It is possible to combine them by only
computing the Y0 channel first, followed by sub-sampling in the R0 G0 B0 color space and
subsequent conversion of the CB and CR components. However, this is not considered in
this thesis.
Chroma sub-sampling does not constitute a major problem for natural image and video
data like photographs or filmed movies . The primary reason for the degradation of the
quality for this type of content is the information loss within a Y0 CbCr 4:2:0 codec itself
(cf. Figure 2.1). Out of that reason, the effects of chroma sub-sampling for natural image
and video data will not be considered within this thesis. For screen content, however, the
chroma sub-sampling severely degrades the image and video material, even for lossless
compression by the Y0 CbCr 4:2:0 codec. Thus, the conversion processes as well as the
introduced artifacts will be further investigated in Chapter 6.
Returning to the description of Figure 2.1, the input signal uR0 G0 B0 [x, t] is first converted to the Y0 CbCr 4:4:4 signal u[x, t]. Also here the prime indicates that the luma
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component originates from the nonlinear R0 G0 B0 signal.1 The desired order of computations would be the conversion from linear RGB to linear YCbCr, followed by a nonlinear transfer function to achieve the so-called CIE lightness L∗ [Poy12]. Thus, due to
the switching of the order of color space conversion and gamma correction, the properly weighted sum of the already gamma-corrected R0 G0 B0 signal components is only an
approximation of L∗ , being referred to as the so-called luma component Y0 . This is often referred to as non-constant luminance processing in the literature, e.g. in [Poy12],
[ITU15a], and [SSD16]. The problem with this approximation is that there is no strict
separation of linear luminance and chroma information any more. Instead, parts of the
linear luminance are shifted to the color difference components. These color difference
components are called chroma components CB and CR . A more detailed explanation of
this approximation and the procedure of constant luminance processing and its reasons
and consequences is provided in [Poy12].
As already indicated, the chroma components CB and CR of the Y0 CbCr 4:4:4 format
signal u[x, t] are sub-sampled resulting in the Y0 CbCr 4:2:0 format signal ǔ[x, t], which is
then fed into the actual video codec. The encoder in general performs lossy compression
and creates the encoded bit stream to be sent over the channel. In the decoder, the
received bit stream is interpreted in order to reconstruct the video signal v̌[x, t], where
the degradation by coding artifacts is indicated by switching symbols from u to v. Upsampling and reconstruction of the full color component resolution of the decoded signal
yields ṽ[x, t], which is finally converted back to the R0 G0 B0 domain signal ṽR0 G0 B0 [x, t]
and sent to the sink. Within this thesis sometimes the uncompressed Y0 CbCr 4:4:4 signal
that had been chroma sub-sampled is used. For this case the notation can be naturally
extended to denote the uncompressed signal after 4:2:0 to 4:4:4 up-sampling as ũ[x, t].
The remainder of this chapter provides details about the color space conversion and
chroma sub-sampling procedures used within this thesis. After the theoretical principles, it is explained how a practical implementation may look like that approximates the
conversion procedures to ease the computations.

2.1

Conversions Between the R0G0B0 and the Y0CbCr
Color Spaces

This section describes the conversion procedures from the R0 G0 B0 format to Y0 CbCr 4:4:4
data and vice versa that are required for the processing chain and are applied in this
thesis. Based on the just introduced notation, the R0 G0 B0 to Y0 CbCr conversion process
Also the color difference compoents CB and CR are actually based on the nonlinear R0 G0 B0 signal.
However, color differences based on a linear RGB signal are usually not computed. Thus, the primes are
omitted here.
1
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converts the signal uR0 G0 B0 [x, t] to the signal u[x, t] and the inverse operation computes
ṽR0 G0 B0 [x, t] from ṽ[x, t]. However, as all these steps are independent of time, the time
index t will be omitted in the following descriptions.

2.1.1

R0 G0 B0 to Y0 CbCr Conversion

As previously mentioned, the signals depicted in Figure 2.1 are vectors consisting of three
components each. For the following description of the color space conversion the individual
components of the signals are required. Thus, the detailed definition of the R0 G0 B0 input
signal is
uR0 G0 B0 [x] := (uR0 [x], uG0 [x], uB0 [x])T ,

(2.1)

where uR0 [x], uG0 [x], and uB0 [x] are the nonlinear red, green, and blue components, respectively, as described at the beginning of this chapter. The transpose operator T forms
a column vector from the three components. Analogously, the Y0 CbCr 4:4:4 signal computed from uR0 G0 B0 [x] is
u[x] := (uY0 [x], uCB [x], uCR [x])T ,

(2.2)

with the luma component uY0 [x] and the chroma components uCB [x] and uCR [x].
Color space conversion procedures are standardized, e.g., in the International Telecommunication Union (Radiocommunication Sector) (ITU-R) recommendations [ITU11],
[ITU15b], and [ITU15a]. This standardization is important in order to achieve welldefined color reproduction on all devices. In these standardization documents and also
in other R0 G0 B0 to Y0 CbCr conversion derivations in the literature, like [Wie15], continuous R0 G0 B0 components with values in between 0 and 1 are assumed. However, testing
material in the R0 G0 B0 format is only available in its digitized form and is thus already
quantized using typically eight bits per sample. Consequently, in this thesis we assume
already quantized R0 G0 B0 signal components in uR0 G0 B0 [x]. Without loss of generality,
we focus on signals with a bit depth of eight bits per sample, leading to a maximum of
256 possible codewords per sample. Thus, the components of uR0 G0 B0 [x] are in the range
[0, 255].
Color space conversion is usually defined for signals before they are scaled and quantized using a specific number of bits per value. Let UR0 , UG0 , and UB0 be the real-valued
R0 G0 B0 components with UR0 , UG0 , UB0 ∈ [0, 1].2 They can be computed from the digitized
components via division by the respective maximum value, which is 255 for a bit depth
of eight, i.e.,
uG0
uB0
uR0
UG0 =
UB0 =
.
(2.3)
UR0 =
255
255
255
2

The symbol U represents what is denoted by E in [ITU15b].
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Table 2.1: Weighting factors for color conversion from various ITU-R recommendations
[Wie15]; The weighting factor kG is given by kG = 1 − kR − kB .
Recommendation
ITU-R BT.601
ITU-R BT.709
ITU-R BT.2020

kR

kB

0.299 0.114
0.2126 0.0722
0.2627 0.0593

The conversion to the Y0 CbCr color space starts by computing the real-valued luma
component UY0 as a weighted sum of the three normalized real-valued R0 G0 B0 components.
With the weighting factors kR , kG , and kB , the UY0 component is
UY0 = kR UR0 + kG UG0 + kB UB0 .

(2.4)

The weighting factor values are defined such that they sum up to one. Thus, it is sufficient
to specify kR and kB , which leads to kG = 1 − kR − kB . The result of the weighted sum
UY0 is consequently also in the range [0, 1]. The commonly employed pairs of kR and kB
defined in the ITU-R recommendations BT.601 [ITU11], BT.709 [ITU15b], and BT.2020
[ITU15a] are listed in Table 2.1. For computing applications another standard called
sRGB can be considered as the default [Poy12]. Screen content data can be expected
to be stored according to the this standard. However, due to the fact that the BT.709
recommendation and sRGB utilize the same so-called primary chromaticities, the BT.709
weighting factors kR = 0.2126 and kB = 0.0722 will be employed for conversions within
this thesis.
The real-valued chroma components are based on the differences
UB0 − UY0 = −kR UR0 − kG UG0 + (1 − kB )UB0

(2.5)

UR0 − UY0 = (1 − kR )UR0 − kG UG0 − kB UB0 .

(2.6)

and
Considering the resulting value ranges
UB0 − UY0 ∈ [−(1 − kB ), 1 − kB ]

and

UR0 − UY0 ∈ [−(1 − kR ), 1 − kR ],

(2.7)

it is desired to scale these ranges to [−0.5, 0.5] to have the same width as the range of
UY0 . This is achieved by computing
UPB =

1
· (UB0 − UY0 )
2 · (1 − kB )

(2.8)

UPR =

1
· (UR0 − UY0 ),
2 · (1 − kR )

(2.9)

and
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where UPB and UPR are the real-valued chroma blue and red components, respectively.
The prime symbols indicating their nonlinear origin is skipped here in accordance with
the prevalent literature.
Converting the components UY0 , UPB , and UPR to the digital domain is performed by
scaling and quantization. Using again eight bits per sample results in
uY0 = round{219 · UY0 + 16}

∈ [16, 235]

(2.10)

uCB = round{224 · UPB + 128}

∈ [16, 240]

(2.11)

uCR = round{224 · UPR + 128}

∈ [16, 240],

(2.12)

where the operator round{·} rounds to the nearest integer. These components do not
occupy the complete possible value range but rather keep unused codewords as footroom
and headroom, e.g., to be robust against signal over- and undershoots that may result
from filtering [Poy12].

2.1.2

Y0 CbCr to R0 G0 B0 Conversion

Conversion of the Y0 CbCr 4:4:4 signal ṽ[x] back to ṽR0 G0 B0 [x] in the R0 G0 B0 domain effectively needs the inverse operational steps as the just described R0 G0 B0 to Y0 CbCr conversion. From the decoded signal in the Y0 CbCr 4:4:4 domain
ṽ[x] := (vY0 [x], ṽCB [x], ṽCR [x])T ,

(2.13)

the output signal in the R0 G0 B0 domain
ṽR0 G0 B0 [x] := (ṽR0 [x], ṽG0 [x], ṽB0 [x])T

(2.14)

is computed.
With the rounding operations being not invertible, the real-valued components of the
decoded Y0 CbCr signal VY0 , ṼPB , and ṼPR are expressed as
VY 0 =

vY0 − 16
219

ṼPB =

ṽCB − 128
224

ṼPR =

ṽCR − 128
.
224

(2.15)

With (2.8) and (2.9), the real-valued R0 and B0 components are
ṼR0 = VY0 + 2 · (1 − kR ) · ṼPR

(2.16)

ṼB0 = VY0 + 2 · (1 − kB ) · ṼPB .

(2.17)

The G0 component is derived from (2.4) with ṼR0 and ṼB0 being substituted by (2.16) and
(2.17). This results in
i
1 h
· VY0 − kR ṼR0 − kB ṼB0
ṼG0 =
kG
2k 2 − 2kB
2kR − 2kR2
= VY 0 + B
ṼPB +
ṼPR .
(2.18)
kG
kG

2.2. Chroma Resolution Conversions
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Finally, the components ṼR0 , ṼG0 , and ṼB0 are scaled back to the digital domain to invert
(2.3) for the considered case of eight bits per sample. This results in
ṽR0 = 255 · ṼR0

2.2

ṽG0 = 255 · ṼG0

ṽB0 = 255 · ṼB0 .

(2.19)

Chroma Resolution Conversions

This section describes the conversion process from the Y0 CbCr 4:4:4 format to the Y0 CbCr
4:2:0 format. The considered 4:2:0 chroma sub-sampling scheme means that the resolution
of the two chroma planes is reduced by a factor of two in both vertical and horizontal
direction. There are also other sub-sampling formats like 4:2:2 and 4:1:1, as further
detailed, e.g., in [Poy12]. Nevertheless, this thesis focuses on 4:2:0 sub-sampling as it is
the most common chroma format regarding the support of basic video codec profiles as
they are employed in Chapter 4 and Chapter 7.

2.2.1

Y0 CbCr 4:4:4 to Y0 CbCr 4:2:0 Conversion

A block diagram outlining the chroma sub-sampling process is depicted in Figure 2.2,
where hD [x] is the low-pass decimation filter and the block ↓ 2 denotes the downsampling
by a factor of two in vertical and horizontal direction. The input signal u[x] according
to Figure 2.1 and (2.2) is in the Y0 CbCr 4:4:4 format. The first step of the chroma subsampling process is low-pass filtering of the chroma components to avoid aliasing. The
decimation filter hD [x] is employed for this task. The output signal with low-pass-filtered
chroma planes is
u∗ [x] := (uY0 [x], u∗CB [x], u∗CR [x])T ,
(2.20)
where the asterisk (∗ ) indicates the applied low-pass filtering. While the luma channel
uY0 [x] remains unmodified, the chroma components result from two-dimensional convolution with the filter hD [x], i.e.,
u∗CB [x] = hD [x] ∗ uCB [x]

(2.21)

u∗CR [x] = hD [x] ∗ uCR [x].

(2.22)

Different filter kernels may be applied here, where a selection of possible choices is introduced and evaluated in Section 6.2.3.
u∗ [x]

u[x]
hD [x]

ǔ[x]
↓2

Figure 2.2: Block diagram of the chroma resolution reduction by conversion from the
Y0 CbCr 4:4:4 to the Y0 CbCr 4:2:0 format.
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n→

n→
1

2

0

3

0

0

1

1

←m

←m

0

2

1

2

3

2
3

3

(b) Chroma: u∗CB [(x/2) · 2] or u∗CR [(x/2) · 2]

(a) Luma: uY0 [x]

Figure 2.3: Illustration of the notation used to access the sub-sampled chroma planes
u∗CB [(x/2) · 2] or u∗CR [(x/2) · 2] (b) compared to the full-resolution luma plane uY0 [x] (a).
The gray locations of the sub-sampled plane in (b) are masked an cannot be accessed.

Subsequently, the actual downsampling step decimates the number of samples in the
chroma channels by a factor of two in both spatial directions, leading to the output signal
ǔ[x] := (uY0 [x], ǔCB [x], ǔCR [x])T

(2.23)

ǔCB [x] = u∗CB [(x/2) · 2]

(2.24)

with

ǔCR [x] =

u∗CR [(x/2)

· 2].

(2.25)

The check symbol (ˇ) indicates the reduced resolution of the chroma components and
x/2 := (bm/2c, bn/2c), where b·c is the floor operator rounding towards zero. Again,
the luma component remains unmodified and the sub-sampled chroma components are
accessed by effectively quantizing the spatial coordinates. An illustration of this notation
used for signals in the chroma sub-sampled domain is provided in Figure 2.3. The left part
of the figure depicts the luma component, where the full resolution is retained. The right
part of the figure shows how the downsampling is accomplished by the floor operated that
is employed. Odd values of the indices m and n are rounded to the next smallest even
values by subtracting 1, which is illustrated by the arrows. While the low-pass-filtered
chroma planes u∗CB [x] and u∗CR [x] are defined for all x ∈ X , the sub-sampled components
ǔCB [x] and ǔCR [x] access only the subset defined by even values of m and n.
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v † [x]

v̌[x]
↑2

ṽ[x]
hI [x]

Figure 2.4: Block diagram of the chroma resolution enhancement by conversion from the
Y0 CbCr 4:2:0 to the Y0 CbCr 4:4:4 format.

2.2.2

Y0 CbCr 4:2:0 to Y0 CbCr 4:4:4 Conversion

After coding and transmission using the Y0 CbCr 4:2:0 codec as illustrated in Figure 2.1,
the decoded signal is denoted by
v̌[x] := (vY0 [x], v̌CB [x], v̌CR [x])T .

(2.26)

The conversion back to the Y0 CbCr 4:4:4 format is outlined by the block diagram as
depicted in Figure 2.4, where ↑ 2 denotes the up-sampling by a factor of two and hI [x] is
the interpolation filter. The up-sampling step yields the signal
v † [x] := (vY0 [x], vC† B [x], vC† R [x])T .
The chroma planes exhibit the same
the insertion of zeros:

v̌ [x]
CB
vC† B [x] =
0

v̌ [x]
CR
†
vCR [x] =
0

(2.27)

resolution as the luma plane, which is achieved by

if m, n ∈ 2Z (m and n are even)

(2.28)

else
if m, n ∈ 2Z (m and n are even)

(2.29)

else.

Subsequently, filtering of vC† B [x] and vC† R [x] by the interpolation filter hI [x] yields the
Y0 CbCr 4:4:4 signal ṽ[x] with its full-resolution chroma components
ṽCB [x] = vC† B [x] ∗ hI [x]

(2.30)

ṽCR [x] = vC† R [x] ∗ hI [x],

(2.31)

which is converted back to the R0 G0 B0 domain in the next step. The tilde (˜) indicates
that the signal is impaired by chroma sub-sampling artifacts.

2.3
2.3.1

Fast Conversion Implementations
R0 G0 B0 to Y0 CbCr 4:4:4 Conversion

As already mentioned, the R0 G0 B0 input signal uR0 G0 B0 [x] is digitized and represented by
eight bits per sample. In practice, the different scaling and conversion steps are condensed
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to a single matrix multiplication followed by an additive vector with input and output
components in the digital domain. For the R0 G0 B0 to Y0 CbCr conversion this is described
by
  



uY 0
uR0 




 
(2.32)
uCB  = round A uG0  + a.




uB0
uCR
Using the vector definitions this can be compactly written as
u = round {AuR0 G0 B0 } + a.

(2.33)

The derivations from Section 2.1.1 can be summarized to
uY0 = round {219 · UY0 + 16}
n
 u 0
uG0
uB0 o
R
= round 219 · kR
+ kG
+ kB
+ 16
255
255
255

219
= round
· (kR uR0 + kG uG0 + kB uB0 ) + 16
255
for the Y0 component,


224
· (UB0 − UY0 ) + 128
uCB = round
2 · (1 − kB )


224
· [−kR UR0 − kG UG0 + (1 − kB )UB0 ] + 128
= round
2 · (1 − kB )


112
= round
· [−kR uR0 − kG uG0 + (1 − kB )uB0 ] + 128
255 · (1 − kB )
for the CB component and


224
uCR = round
· (UR0 − UY0 ) + 128
2 · (1 − kR )


224
· [(1 − kR )UR0 − kG UG0 − kB UB0 ] + 128
= round
2 · (1 − kR )


112
= round
· [(1 − kR )uR0 − kG uG0 − kB uB0 ] + 128
255 · (1 − kR )

(2.34)

(2.35)

(2.36)

for the CR component. Now, uY0 , uCB , and uCR can be computed from the R0 G0 B0 components uR0 , uG0 , and uB0 directly using the conversion matrix


219 · kR 219 · kG 219 · kB
1  −224·kR −224·kG

224
A=
(2.37)
 2(1−kB ) 2(1−kB )

2
255
−224·k
−224·k
224
G
B
2

and the vector

2(1−kR )


16
 
a = 128 .
128

2(1−kR )



(2.38)
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However, the direct implementation of this conversion scheme requires floating point precision, even though the input and output numbers are integers.
An integer implementation of the just described conversion procedure can be obtained
by scaling and rounding of the individual coefficients to integer numbers, followed by the
inverse scaling of the resulting Y0 CbCr components. However, this is only an approximation of the exact scheme because not the finally obtained Y0 CbCr components but
individual coefficients are quantized. A common scaling factor is the value 256, which can
be implemented using efficient bit shift operations. This results in the conversion scheme
  

 



0
u
uY 0
R
 1

  

 

0
·
A
(2.39)
≈
+
128
u
u
 I G
 CB  
 + a.
256
uCR
uB0
with
AI = round {256 · A} .
Again, this can be compactly written as


1
u≈
· [AI uR0 G0 B0 + 128] + a.
256

(2.40)

(2.41)

The additive factor 128 is needed to achieve a proper rounding to the nearest integer after
division by 256 in combination with the floor operator b·c that is implicitly applied with
integer arithmetics. With kR = 0.299 and kB = 0.114 from BT.601, the integer conversion
matrix is


66 129 25


(2.42)
ABT.601
= −38 −74 112  .
I
112 −94 −18
Applying kR = 0.2126 and kB = 0.0722 from BT.709 the respective conversion matrix is


47
157
16


ABT.709
= −26 −87 112  .
(2.43)
I
112 −102 −10
In practice, this approximation to enable integer computations is very close to the exact
computations. With both the BT.601 and the BT.709 conversion matrices the maximum
absolute deviation per component to the exact Y0 CbCr result is 1.

2.3.2

Y0 CbCr 4:4:4 to R0 G0 B0 Conversion

The inverse conversion from Y0 CbCr to the R0 G0 B0 colors space results from inverting
(2.32) while ignoring the rounding operation. This yields
 



ṽR0
vY0
 



ṽR0 G0 B0 = ṽG0  = A−1 ṽCB  − a = A−1 [ṽ − a] ,
(2.44)
ṽB0
ṽCR
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with


B := A−1 = 255 ·

1
219
 1
 219
1
219

0
2 −2k
2kB
B
224·kB
2·(1−kB )
224

2(1−kR )
224
2 −2k 
2kR
R
.
224·kG 



(2.45)

0

The matrix A−1 can be calculated by inverting A as well as by manual derivation by
means of the equations from Section 2.1.1.
Again, this can be transferred to an integer implementation by rounding of the scaled
conversion coefficients leading to
 
  





0
ṽR0
v
Y
 1

 
  



0
(2.46)
BI ṽCB  − a + 128
ṽG  ≈ 
256
ṽB0
ṽCR
or more compactly

1
[BI (ṽ − a) + 128] ,
≈
256

(2.47)

BI = round {256 · B} .

(2.48)



ṽR0 G0 B0
with

Note, however, that BI should not be computed by inverting AI which is already degraded
by rounding errors. Plugging kR = 0.299 and kB = 0.114 from BT.601 into (2.45) and B
into (2.48) results in


298
0
409


BIBT.601 = 298 −100 −208 .
(2.49)
298 516
0
With kR = 0.2126 and kB = 0.0722 from BT.709 the result is


298 0
459


BIBT.709 = 298 −55 −136 .
298 541
0

(2.50)

Also for this Y0 CbCr to R0 G0 B0 conversion the integer approximation is very close to the
exact computation with a maximum absolute deviation per component of only 1 for both
conversion styles BT.601 and BT.709.
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The recent developments of internet transmission rates and display sizes during the previous decades have further increased the popularity of video content. New compression
techniques and standards like HEVC and VP9 were required to enable the efficient compression of the rising amount of video data. The demand for these more efficient codecs
can be verified by observing their spread in the market, where they were employed very
quickly after their finalization. This took much longer for HEVC’s predecessor AVC. Also
the development cycles accelerate. As soon as a compression standard is released it is
often extended by additional features like the range extensions, the scalable extension, or
the 3D extension [SBC+ 13, FMN+ 16, BYCR16, TCM+ 16]. Subsequently, the development of its successor is started. Replacements for both HEVC as well as VP9 are currently
under development with the goal to significantly increase the compression performance
compared to the state of the art.
Having a closer look at these ongoing advances in video compression, it turns out
that the underlying design principle of basically all state-of-the-art video codecs is the
same, namely the so-called “hybrid video coding” framework. The difference between the
codecs is the number and characteristics of the various coding tools employed within this
framework. In order to continuously increase the compression performance, it is required
to include coding tools with rising very high computational complexities, even for today’s
processing powers. This results in the necessity, once the coding standard is finalized but
also during its standardization, to put a lot of emphasis on the computational complexity
of the specified algorithms. Besides efficient implementations, it is also required to expedite encoder decisions by means of approximations, i.e., suboptimal encoder decisions
are tolerated if they significantly speed up the encoder. Finding good tradeoffs between
the encoder runtime and the loss in coding efficiency is called “fast mode decision” and
an essential part of the encoder optimization.
This chapter first gives an overview of the state of the art in video compression based
on the hybrid coding framework, including short descriptions of HEVC and VP9, followed
by details and examples of fast mode decision techniques. Subsequently, in Section 3.2, the
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concept of scalable video compression is explained. It is well suited for many applications
in which heterogeneous receivers are involved. However, it also has its limitations, which
are described in this section as well. The final section of this chapter, Section 3.3, gives an
introduction to entropy coding, which is an integral part of all modern video compression
schemes. More specifically, entropy coding of residual data by means of binary arithmetic
coding is described, which is similarly performed in HEVC and is also employed for the
proposed algorithms in Chapter 7 and Chapter 4.

3.1

Principles of State-Of-The-Art Video Compression
Technology

This section reviews the basic concepts of state-of-the-art video compression technology,
limited to single-layer coding. The presented coding schemes may principally applied for
coding a variety of input signal formats like R0 G0 B0 or Y0 CbCr 4:4:4 data according to
Figure 2.1. However, the prevalent codec implementations in consumer devices typically
only support video signals in the Y0 CbCr 4:2:0 domain, which represents the right part
of Figure 2.1 with the input signal ǔ[x, t] and the output signal v̌[x, t]. This part of the
processing chain with one coded layer is shown again in Figure 3.1. It will later be extended
to a scalable coding system with two layers. This section focuses on the description of
basic coding concepts that are generally valid for modern video codecs. Nevertheless, some
specific information regarding the two codec specifications HEVC [ITU13, SOHW12] and
VP9 [Goo13, MBG+ 13] is also provided if it serves as a basis for later parts of this thesis.

3.1.1

Block-Based Hybrid Video Coding

As already briefly mentioned, the common underlying framework of state-of-the-art video
codecs is the block-based hybrid coding principle. The term “hybrid coding” describes
the joint application of both intra and/or inter picture prediction in conjunction with
transform coding of the prediction residual signal [Ohm04]. “Block-based” means that the
picture is partitioned into small blocks, and the prediction techniques as well as the transform are applied in a block-wise manner. This section gives an overview of this concept
to serve as a basis for the extensions proposed in Chapter 7 and Chapter 4. More details
about hybrid video coding can be found, e.g., in [Ohm04] and [Ric02]. A block diagram
ǔ[x, t]
enc

bit
stream

v̌[x, t]
dec

Figure 3.1: Block diagram of a codec for video data in the Y0 CbCr 4:2:0 format.
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bit stream

S/IT

+

MC
Pred.

Intra
Pred.
DPB

ǔ[x, t]: Y0 CbCr 4:2:0 input signal
T/Q: transform and quantization
DPB: decoded picture buffer
Intra Pred.: intra picture prediction

v̌[x, t]

EC: entropy coding
S/IT: scaling and inverse transform
MC Pred.: motion compensated prediction
v̌[x, t]: decoded signal in Y0 CbCr 4:2:0 format

Figure 3.2: Basic block diagram of a block-based hybrid video encoder.

of a general hybrid video encoder is shown in Figure 3.2. This encoder represents the
encoder part within the Y0 CbCr 4:2:0 codec as depicted in Figure 2.1, where the input
signal in the Y0 CbCr 4:2:0 format is ǔ[x, t]. The encoder performs block-wise processing of this signal. The block partitioning depends on the employed coding standard and
on the encoder implementation, which divides block according to well-defined rules and
is free in its decisions as long as they comply with the standard. Following the signal
flow leads to the subtraction of the prediction signal, which is either temporally or spatially predicted using Motion Compensated (MC) prediction or intra picture prediction,
respectively. The resulting prediction error signal is then passed to the Transform (T)
and Quantization (Q) block. Traditionally, transforms similar to the Discrete Cosine
Transform (DCT) are employed. The goal of the transform to the frequency domain is
the decorrelation of the data and the compaction of the energy to only a few significant
frequency coefficients, which can subsequently be compressed more efficiently [Ric02]. To
reduce the computational complexity, integer approximations and fast implementations
of the DCT are used. The transformed blocks serve as the basis for the quantization and
the subsequent Entropy Coding (EC). Usually only a few non-zero quantized coefficients
remain that can be efficiently compressed and written to the bit stream. Note that also
additional control information and meta data is coded, which is omitted in Figure 3.2 for
simplicity.
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bit stream

ED

S/IT

v̌[x, t]

+

MC
Pred.

Intra
Pred.
DPB

Figure 3.3: Basic block diagram of a block-based hybrid video decoder.
Besides being passed to the EC block, the quantized coefficients are also fed into the
decoding loop within the encoder. The loss introduced by the quantization can not be
recovered, but the Scaling (S) step recovers the signal range of the unquantized transform
coefficients, and is followed by the Inverse Transform (IT). Adding the prediction signal
yields the decoded signal v̌[x, t] for the currently encoded block, which is written to the
Decoded Picture Buffer (DPB) in order to be available for the prediction of future blocks
and pictures.
The decoding process of the coded bit stream is depicted in Figure 3.3. After Entropy
Decoding (ED), the decoder is identical to the decoding part contained in the encoder,
as just described. The decoded signal is v̌[x, t] obtained by adding the reconstructed
residual signal and the prediction signal. Besides adding decoded signal parts to the
DPB, v̌[x, t] is also output to the next part of the processing chain, which is the 4:2:0 to
4:4:4 conversion according to Figure 2.1.
During the last decades, a variety of advanced intra picture and inter picture prediction
techniques have been developed. Also other improvements like the introduction of inloop filters, as also suggested in [WHK13], contributed to the increasing efficiency of
this framework. The state-of-the-art technology can be considered as being specified in
HEVC and VP9. The elaborate detailed descriptions of these two is beyond the scope
of this thesis and not required for the understanding of the presented work. Interested
readers are referred to the literature for insights into HEVC [SOHW12, Wie15] and VP9
[MBG+ 13, Goo13]. Specific details that are required within this thesis will be explained
in the respective sections.

3.1.2

Basics of Rate-Distortion Optimization

Encoders following the previously introduced concept of hybrid coding employ block partitioning and make use of intra and inter picture prediction techniques, as already mentioned. The task of the encoder is to decide for a certain combination of these options.
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Figure 3.4: Example picture (left) and visualization of the block partitioning and the
prediction modes (right) selected by the RDO that has been executed per 64 × 64 block.
Moreover, recent codec specifications offer many more coding tools and finer details that
may be selected by the encoder. This process is called mode decision, because the encoder
decides for a specific set of coding modes that are used. In order to decide for the possibly
most efficient set of coding modes, the joint consideration of the produced bit rate and
distortion is required. Optimizing one of these factors is only useful if the other factor is
kept fixed. For example, the coding performance of a specific set of coding modes may be
considered as superior compared to a different set if the produced distortion is smaller for
the same bit rate. It is thus required to minimize the distortion D subject to a constraint
rate R. This can be written as a Lagrangian minimization problem given by [SW98]
min{J},

where J = D + λR,

(3.1)

where λ is the Lagrange multiplier and J are the combined Rate-Distortion (RD) costs.
During the encoder runtime, J is computed for potentially all possible ways to encode the
current sequence. Finally, the minimal resulting J indicates the optimal way of encoding,
i.e., the optimal set of coding modes. This procedure is referred to as Rate-Distortion
Optimization (RDO). Besides rate and distortion, also other factors may be included in
the optimization process. For example, the energy needed for decoding the bit stream
may be considered as proposed in [HHK19], which allows longer lasting batteries of the
decoding devices.
In practice, the evaluation of J for all mode combinations is impossible because it
is much too complex. Instead of performing the RDO for a complete sequence, it is
typically limited to a single block within a single picture. For example, each picture may
be partitioned into blocks of 64 × 64 pixels and the RDO is executed to find the optimal
coding solution regarding possible block splittings and coding modes per sub-block. An
example of the block structure and prediction modes determined by the RDO is shown
in Figure 3.4. The picture depicted on the left side is encoded using the HEVC Test
Model (HM) software and the obtained encoder decisions are visualized using the HEVC
Analyzer for Rapid Prototyping (HARP) framework [SSW+ 14]. The high-level blocks of
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size 64 × 64 pixels are subdivided according to HEVC’s quadtree partitioning, resulting
in the so-called Coding Units (CUs) [KML+ 12]. For each individual CU it is decided
whether intra picture or inter picture prediction is more efficient for this block. These
decisions are depicted by red for intra coded CUs and blue for inter coded CUs. Green
and yellow blocks denote special cases of inter coded blocks. Additionally, the motion
vectors are visualized by the red arrows for all inter prediction block types.
Note, that modifications of the encoder, e.g., to apply techniques for fast mode decision, will result in different results of the RDO and thus in a modified bit stream. However,
also the adjusted encode quality has significant influence on the output bit stream. The
quality setting is typically translated to a specific quantization step size, where the step
size becomes larger for lower qualities. Moreover, the resulting quantization step size
is directly related to the employed Lagrange multiplier λ and thus directly controls the
tradeoff between rate and distortion [SW98].

3.1.3

Encoder Implementations and Optimizations

Modern compression specifications like HEVC and VP9 specify only the bit stream syntax
and the decoder procedures that are required to decode the bit stream to a decoded
sequence. The creation of a bit stream from an uncompressed sequences, which is the
task of an encoder, is not covered by the specifications. In fact, there is a huge amount
of possible ways to encode a sequence to a standard-compliant bit stream. Among these,
there are very efficient but also inefficient ways. Accordingly, a bit stream and decoder
specification does not guarantee a certain compression performance, but rather enables
encoders to produce bit streams with compression efficiencies up to a certain extent. More
specifically, the actual RD performance is determined by the encoder implementation and
configuration. The specification just limits the generally possible performance.
During the standardization of HEVC, the HM software has been developed. It was
used to test and evaluate the performance and computational complexity of newly suggested coding tools during the standardization process. Moreover, it still serves as a
reference implementation that demonstrates the possible RD performance of HEVC. It
basically employs all coding tools allowed by the standard and may thus yield the maximum coding performance. In practice, however, the HM performance is slightly below the
best possible performance because a few so-called fast mode decision techniques have been
introduced to reduce the number of tested coding modes and thus also the computational
complexity of the software. A list of these speed-ups can be found in [BBSF12].
Besides HM, also other HEVC encoders have been developed after the finalization of
the standard. Among those is the x265 [Mul] encoder, which is the most popular open
source HEVC encoder according to [GNM16]. Its optimized implementation and fast
coding mode decisions employed enable high speed-ups compared to HM. Unfortunately,
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the exact procedures for fast mode decisions are not documented. The level of acceleration
can be traded against the efficiency loss by the adjusted encoder settings. Naturally, the
efficiency of the x265 encoder decreases as well if the level of fast decisions is increased.
On top of the fast mode decision approaches already included in the HM and the x265
software, a huge variety of other algorithms for accelerating the mode decision process
during HEVC encoding has been published, e.g. [JCC15, JMC12, ZM14, SLZ+ 13, MC15].
Also the author of this thesis contributed to this joint effort of accelerating HEVC encoders
[HK15, HK16, HPK16, HHK16], which was also supported by student works [Pyl16a,
Mau16].
Regarding VP9, the library libvpx [Goo13] from the WebM project can be considered
as the main implementation, which is also employed for academic benchmarks where VP9
is involved, e.g. in [GNM16] and [CMMA16]. The libvpx encoder also supports to adjust
the tradeoff between coding speed and performance loss by encoder settings. Also for the
this encoder, unfortunately, no literature describing the exact fast mode decision strategies
is available. The results of own research showed that the command line parameter - best seems to enable all VP9 coding tools and mode tests. In contrast, setting - -good
enables the usage of the additional parameter - -cpu-used, which may be set to integer
values between 0 and 8 with 0 delivering the highest quality with the longest encoder
runtime. In the experiments, however, it turned out that there is no change for settings
higher than 5. Besides - -best and - -good, there is also the setting - -rt which should
enable real-time processing. Nevertheless, this is not useful for research purposes and also
did not work well in practice. Based on experiments, the settings - -good - -cpu-used=2
were selected to be used for the evaluations within this thesis, as they are considered to
deliver a good compromise.

3.2

Scalable Video Compression

The previous section provided an introduction to the concepts of modern video compression. As explained so far, a block-based hybrid video codec is able to compress video
sequences with a certain rate and quality depending on the quality setting of the encoder.
If a different version or format of the sequence is demanded on the decoder side it is
required to re-encode and re-transmit using the specified format and/or settings. This
approach of sending different ordinary encodes of the same sequence is denoted as simulcast [WOZ02]. It is the simplest way to solve the requirement of having different versions
of this sequence available at the decoder.
A more elegant way to tackle this problem is represented by the so-called scalable
coding [WOZ02]. With scalable coding it is possible to have several versions of a sequence
contained in a single encoded bit stream. The decoded video can thus be scaled to the
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target version by decoding the according part of the bit stream. The following types of
scalability are most common:
• Quality scalability provides scalable quality, which is often measured by the so-called
Peak Signal-to-Noise Ratio (PSNR). That is why quality scalability is often also
called Signal-to-Noise Ratio (SNR) scalability.
• Spatial scalability refers to the scalability of the spatial resolution, i.e., different
resolutions of the video may be decoded from the scalable bit stream.
• Temporal scalability denotes the ability to scale the temporal resolution, i.e., the
number of frames per second.
• Frequency scalability describes the scalability in terms of the number of considered
transform coefficients. For example, initially only low frequency coefficients leading
to a very blurry representation of the decoded sequence may be decoded and additional higher frequency coefficients follow afterwards. This type of scalability is
often also called “data partitioning”.
Recently also other types of scalability are considered, for example “hybrid codec scalability”, “bit depth scalability”, and “color gamut scalability” [YA14]. Also combinations of
certain scalability types are possible.
The scalability considerations within this thesis are restricted to quality or SNR scalability. The ideal solution for this would be the so-called “embedded coding”, where each
additionally decoded bit would increase the fidelity of the decoded sequence. In practice,
however, this is hardly achievable. In contrast to that there is Coarse-Granularity Scalability (CGS), where the different steps for the improvement of the output are organized
in so-called layers. The first layer is denoted as Base Layer (BL). Subsequently, multiple so-called Enhancement Layers (ELs) are possible, where each EL contributes to the
increasing output quality. However, as the term CGS suggests, the portions in form of
ELs are typically rather large regarding its size. Typically a significant amount of bits is
required to enable the decoding of the next EL. The coding approach between embedded
coding and coarse-granularity scalable coding is called Fine-Granularity Scalability (FGS)
with rather small data portions that are required to reach the next quality level. Nevertheless, one needs to keep in mind that a scalable design always reduces the compression
efficiency by a certain extent [WOZ02]. Consequently, CGS using different layers is a good
compromise between the advantages of scalability and the drawback of the efficiency loss.
A general block diagram for quality-scalable coding using two layers is provided by
Figure 3.5, which extents Figure 3.1 by an additional EL. This scalable coding scheme
is considered to be employed as the Y0 CbCr 4:2:0 codec in Figure 2.1. The two outputs
produced by the BL and the EL path, v̌BL [x, t] and v̌EL [x, t], are then regarded as the
signal v̌[x, t] and directed to the subsequent conversion steps.
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Figure 3.5: Block diagram of a quality-scalable codec with two layers for video data in
the Y0 CbCr 4:2:0 format.
The literature proposes a variety of multi-layer quality-scalable coding systems, which
also follow the general concept presented in Figure 3.5. The most prominent examples
of them are the SVC amendment of AVC [SMW07] and the scalable extension of HEVC,
denoted as SHVC [ITU14, BYCR16, YA14]. They provide very generally applicable scalable frameworks and allow, e.g., the combination of different kinds of scalability and up to
63 layer in SHVC [ITU14]. The design of SVC and SHVC is similar in the sense that the
EL encoders and decoders are based on the respective BL coders but include additional
functionality. They need to handle the additional scalable syntax contained in the bit
stream and provide additional coding tools, like inter layer prediction, in order to make
scalable coding useful. Out of that reason the computational complexity of these EL
codecs is lower-bounded by the computation complexity of the respective BL codec. The
EL encoder complexity is usually higher as the complexity of the BL encoder, because
additional mode tests need to be performed during the RDO process.
The remainder of this section describes two specific scalable coding schemes based
on the framework consisting of two layers depicted in Figure 3.5. First, approaches for
scalable lossless or near-lossless coding using such a two-layer system are presented in
Section 3.2.1. Afterwards, the application of such a system for improving solely the
chroma fidelity by the EL is discussed in Section 3.2.2, which is especially useful for
screen content coding applications.

3.2.1

Enhancement Layer Coding for Scalable Lossless or NearLossless Coding

The majority of codec specifications is optimized for lossy compression, like AVC, HEVC,
and VP9. This is caused by the wide range of applications where lossy coding is either required due to rate constraints or simply a reasonable compromise between quality and bit
rate. Nevertheless, there are also applications like archiving, where lossless reconstruction
of the encoded video signal is desired. Moreover, some applications do not require the
lossless reconstruction of all pictures. Two example scenarios are depicted in the following
[HWK17].
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Video surveillance: A surveillance recoding, for example from a body camera as mentioned in Chapter 1, may be compressed to a lossy BL and an EL that delivers
lossless output quality. The BL can easily be streamed to client devices via channels
with limited capacity, e.g., wireless networks. As soon as irregularities in the video
occur, the user may pause the playback and zoom into specific regions of certain
pictures. Helping the user to identify fine details within these pictures it is advantageous to transmit and decode the EL for these frames. Moreover, super-resolution
techniques may be applied to increase the spatial resolution of these pictures, e.g. to
improve the legibility of license plate or to ease face recognition. Naturally, superresolution algorithms can deliver a higher quality if they are applied to the lossless
EL output instead of the lossy BL.
Augmented reality maintenance on mobile devices: Videos describing complicated
repair tasks may be streamed to, e.g., mobile devices of maintenance personnel for
assistance. These videos often contain computer-generated CAD data or sketches
[EKR+ 13] with thin lines or other fine details. A lossless EL can avoid the loss of
these details during lossy compression, which is especially useful when pausing or
zooming into the video.
A visualization of this scenario is provided in Figure 3.6, where a sequence of pictures
is lossy coded in the BL. Two of those pictures are requested for lossless reconstruction,
which are then coded and transmitted as the EL. The client assembles the BL and the
EL for these pictures to create the lossless output.
The considered video compression system shall thus be scalable, where the EL delivers
a lossless output, and enable individual access to each of the EL pictures. The latter requirement prohibits the usage of inter picture prediction for the EL. While scalable coding
itself is an ongoing research topic with various applications, lossy to lossless scalability is
hardly considered. An overview of related work is presented in the following.
Starting with the activities in the standardization community, the first version of
HEVC is principally capable of lossless compression. However, its performance is limited
due to the block-based intra picture prediction, which is not able to optimally exploit
the correlations between individual pixels [LBH+ 12, ZGJY12]. Introducing sample-based
intra prediction approaches can increase the compression efficiency of HEVC. This was
shown, e.g., in [WYA+ 13a], where the so-called Sample-based Weighted Prediction (SWP)
scheme [WYA+ 13b] is proposed for intra picture prediction. A similar approach has later
been standardized in the HEVC Range Extensions [FMN+ 16]. Proposals for the scalable
extension of HEVC, the SHVC standard, as well as the SHVC standard itself, do not
focus on lossless EL coding [KBZ13, CNSB11, ITU14]. SHVC, currently defines the
profiles “Scalable Main” and “Scalable Main 10”, which both do not support the improved
intra picture prediction from the Range Extensions. Enabling pixel-based intra prediction

3.2. Scalable Video Compression

29

Server

Client
EL (lossless)
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Figure 3.6: Visualization of a scenario where the BL is coded for all pictures and the EL
is provided for pictures requested via the feedback channel (based on [HWK17]). The loss
in the received BL images is indicated by the grid pattern, which is transmitted in the
EL to finally achieve lossless reconstruction of the two selected images.

for lossless SHVC EL coding by means of SWP has been suggested in [HWK14b] and
leads to significant coding gains. However, as such a scheme is not contained in the
standard, lossless EL coding using SHVC can be considered as suboptimal. Besides HEVC
and its extensions, similar decisions regarding lossless EL coding had been made for its
predecessor AVC and its scalable extension SVC already [SMW07]. It also does not
support pixel-based intra prediction for efficient lossless EL compression.
In addition to the standardized scalable video codecs, there are several alternative
approaches for lossless EL compression. Some of them have in common that they require
modifications to the standardized BL codecs [TY05b, TY05a, NS08]. Consequently, the
highly optimized implementations of both the BL encoder and decoder can not be used
any more and non-standard-compliant implementations need to be distributed. This is
a major drawback, as clients that are not equipped with a potentially proprietary EL
decoder are typically at least required to be able to decode a standard-compliant BL.
There are also proposals where this requirement is fulfilled. For example in [BSC+ 13]
for scalable lossless screen content coding, as already mentioned. However, their scheme
also includes the chroma format scalability from Y0 CbCr 4:2:0 to the 4:4:4 format and
the employed prediction scheme is specifically optimized for screen content data. Besides
that, a FGS coding scheme for hybrid block-based BL codecs is suggested in [LPJD01].
But their approach is not suitable for EL coding up to lossless reconstruction without
modifications.
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Eventually, the class of algorithms based on distributed video coding [GARRM05]
should be mentioned, e.g. [HAP17]. However, with this approach parts of the coding
complexity is shifted from the encoder to the decoder, which significantly increases the
decoding complexity. As the desired scalable solution should be of low complexity, especially at the decoder side to be easily executable on mobile devices, distributed video
coding is not considered in this thesis.
Based on the previously described requirements for the considered target applications, a low-complex EL compression scheme based has been proposed in [HWK13] and
[HWK17]. It is suitable for scalable lossless but also scalable near-lossless compression.
In the latter case, a specific absolute error per sample is tolerated [HK17]. A detailed
description of this EL codec will be provided in Chapter 4.

3.2.2

Enhancement Layer Coding for Chroma Format Scalability

As mentioned previously (cf. Chapter 2), the utilization of video compression is often
limited to signals in the Y0 CbCr 4:2:0 domain. Also many specialized hardware components are available, which implement video compression schemes for data in this format
[WKZ+ 13]. Nevertheless, chroma sub-sampling is not suited for certain applications like
screen content coding. Reducing the spatial resolution of the chroma channels produces
disturbing artifacts for this type of content. An example of these chroma sub-sampling
artifacts is visualized in Figure 3.7. The errors are especially visible for the thin red and
blue lines.
To avoid chroma sub-sampling artifacts the signals in the R0 G0 B0 or Y0 CbCr 4:4:4
domain should be coded directly. However, this is often problematic in practical applications. Full chroma resolution signals are not very common and thus not supported by
many decoder devices, specifically regarding dedicated hardware modules. Especially for
real-time applications a hardware implementation is often necessary, because pure software encoding or decoding is too slow and needs too much energy if executed on mobile
devices.
A solution would be given by chroma format scalable coding, where the BL is coded
in the Y0 CbCr 4:2:0 format and the EL encodes the full Y0 CbCr 4:4:4 signal. Please
note that this is not supported by the scalable system depicted in Figure 3.5 any more,
because the input to both layers is already chroma sub-sampled. The same is true for the
state-of-the-art scalable coding framework SHVC, which also does not support this in the
currently standardized “Scalable Main” and “Scalable Main 10” profiles [ITU14, SUHG14].
Moreover, the performance of general quality-scalable codecs may be limited for screen
content if the codec is not optimized for this special type of content. The HEVC Screen
Content Coding Extension [XJC16] demonstrates that significant improvements of the
compression performance for screen content data are possible if specialized coding tools
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(b) Chroma sub-sampled image

Figure 3.7: Zooms into original screen content image (left) and the same image being
degraded by artifacts due to chroma sub-sampling (right).
are employed. However, also this requires all decoder devices to support this extension of
the standard, which is typically not the case for hardware implementations.
Based on these arguments it becomes clear that the desired coding solution must focus
on the following points:
• Specific scalability of the chroma resolution
• Screen content coding application
• Low computational complexity to enable the utilization of a software implementation
The literature offers only partly solutions that conflict with at least one of the previous
points.
One of those partly solutions is given in [BSC+ 13], where lossy coding of the BL in
the Y0 CbCr 4:2:0 format is combined with lossless coding of a dedicated EL in Y0 CbCr
4:4:4 format. The scalable system is explicitly proposed for screen content data and is
considered to be low-complex. However, scalability to a lossless reconstruction of all color
channels reduces not only chroma sub-sampling errors but also coding artifacts from the
BL compression. This leads to a unnecessarily high rate and is not required for the target
application of screen sharing. Dedicated reduction of chroma sub-sampling errors is not
possible with this method.
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A different approach is provided by [WKZ+ 13], which proposes tunneling of Y0 CbCr
4:4:4 format data through Y0 CbCr 4:2:0 HEVC encoding by a packing approach. The
resulting bit stream is compatible to ordinary Y0 CbCr 4:2:0 decoders. To achieve this
the so-called “main view” and “auxiliary view” are employed, which allows to either only
decode the 4:2:0 main view or to combine both views to reconstruct the Y0 CbCr 4:4:4
format. Signaling this type of packing is enabled by the so-called Supplemental Enhancement Information (SEI) metadata. This approach has a major drawback. Recovering the
4:4:4 format requires the implemented encoders and decoders to support the concept of
auxiliary views as well as the provided SEI messages. However, auxiliary pictures have
been added in version two of HEVC [ITU14, FMN+ 16, BYCR16], which again arises the
problem that this is not supported by the prevalent codec implementations. The pure
software solution is no option due to its complexity leading to long processing times and
a high power consumption on mobile devices.
Yet another proposed solution to the given problem is presented in [SUHG14]. In this
proposal the full-resolution chroma planes are encoded as two additional monochrome bit
streams, where the chroma channels are set as the respective luma channel. Coding of
the two chroma planes is thus independent. This approach is similar to simulcast with
respect to the two full-resolution chroma planes. The two color planes are compressed independently of each other and also inter layer prediction is not used for this first presented
approach. The authors also present an alternative where SHVC is employed to enable
inter layer prediction. The alternative involving SHVC is no option as already explained.
The first approach of [SUHG14] proposes to code the two full-resolution chroma channels
as auxiliary pictures, which is, as already stated, not possible with HEVC version one. Alternatively, also separately coding these pictures would be principally possible. However,
this means that the frame rate would increase by a factor of three, because each Y0 CbCr
4:2:0 picture follow two monochrome EL pictures. The usage of a hardware module may
be problematic because this single HEVC encoder or decoder device needs to process both
BL and EL bit stream. Eventually, even if those practical problems could be solved, this
does still not eliminate the drawback of the simulcast coding, i.e., the fact that the BL
chroma information is also contained in the coded EL.
In contrast to the just presented approaches from the literature, an EL coding method
for chroma format scalable coding is proposed in Chapter 7 of this thesis, which does
not only satisfy the above listed requirements but is, in addition, also independent of the
employed BL codec. VP9 is used for the development and evaluation of the EL codec
in Chapter 7, because this was requested by the industry partner, which this work was
a collaboration with. Eventually, the proposed codec is content-adaptive and allows to
prioritize image regions where high chroma sub-sampling artifact levels are detected.
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Figure 3.8: Overview of the three steps required for binary arithmetic coding of non-binary
syntax elements [HWK17].

3.3

Common Concepts for Entropy Coding of Residual
Data

Entropy coding is a general term for information compaction based on the statistical
properties of the data to compress. Consequently, general purpose data compression
techniques can be applied that are able to reduce the data rate that is written to the
bit stream compared to the rate produced by the video compression algorithms directly.
The theoretical lower bound for the required amount of rate is called entropy, leading to
the name entropy coding. Various techniques for entropy coding are used for many years
already. However, as the processing powers of devices increase, more advanced algorithms
can be employed, reducing the number of coded bits closer to the entropy.
In the area of image and video compression binary arithmetic coders have become popular. For example they are employed in recent standards AVC [ITU03], HEVC [ITU13],
and VP9 [Goo13]. Binary arithmetic coding engines are very flexible and efficient. They
require the input data to be in a binary representation. Consequently, actually non-binary
values need to be converted to a binary representation first. Compared to other coding
schemes like Variable-Length Codes (VLCs) (cf. Section 3.3.1), arithmetic coding allows
to use non-integer numbers of bits per codeword and is thus able to achieve rates very
close to the entropy of the coded symbols [SB12, Ric02]. This is enabled by exploiting
probabilities for these binary decisions (zero or one) being unequal to 0.5. Moreover,
adaptive probability models can be applied to track changes in the underlying source
statistics.
The explained properties of binary arithmetic coding are reflected in the respective
parts of the coder. An overview of the coding process is depicted in Figure 3.8. The input
chunks to the coder are referred to as syntax elements. As already mentioned, non-binary
syntax elements need to be converted to a binary representation first, which is denoted
as bin string, consisting of individual bins. Subsequently, probabilities are assigned to
the binary states of each bin b, which are exploited in the final binary arithmetic coding
engine. This section describes the different parts of Figure 3.8 in more detail. Moreover,
the purpose of this section is not only to explain how these concepts work in current
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Figure 3.9: Examples of syntax element histograms for different variances of the syntax
elements, as they occur in the SELC scheme (based on [HWK17]).

codecs, but to provide insights that are generally applicable. The techniques explained
here are reused in the EL codecs presented in Chapter 7 and Chapter 4.
The structure of this section is as follows. First, techniques for the binarization of
general integer-valued syntax elements are described in Section 3.3.1. Subsequently, the
binary arithmetic coding itself is explained in Section 3.3.2, including the probabilities
assigned to the individual bins. Eventually, Section 3.3.3 provides more details about the
probability adaptation.

3.3.1

Binarization

Recent video codecs like HEVC and VP9 significantly increased the number of coding
tools and thus also the number of syntax elements compared to preceding standards.
This development causes more rate being used for signaling the different modes while
less bits are required to transmit the actual signal components. However, in the hybrid
video coding concepts that are applied, it is eventually always required to code some
kind of residual data, e.g., quantized transform coefficients in HEVC, represented by the
syntax element coeff_abs_level_remaining [ITU13]. These types of differential signals
that are eventually represented by syntax elements in the bit stream also occur elsewhere
in the hybrid video codecs, but also in conceptually different codecs like in the EL codecs
introduced in Chapter 7 and Chapter 4. Nevertheless, the properties of these syntax
elements are very similar. Denoting a general syntax element by s, example histograms
for different variances of s are shown in Figure 3.9. The underlying data results from
real measurements within the Sample-based weighted prediction for EL Coding (SELC)
scheme that is introduced in Chapter 4. The following properties can be concluded from
this figure:
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• s ∈ Z1
• The histograms can be modeled by two-sided symmetric probability distributions
The binarization of a syntax element denotes the conversion of the non-binary value
to a sequence of binary values, referred to as bin string. The individual elements of a bin
string are called bins. In this thesis the terms bin string and codeword or code are used
interchangeably. The length of a resulting bin string is desired to be as short as possible.
The literature offers a lot of possibilities for codes that may be applied. Their suitability
is mostly determined by the kind of probability distribution of the syntax element they
are designed for or they may be adapted to. The various approaches can be summarized
by the following groups:
• Fixed-length representation
• Non-systematic VLCs
• Systematic VLCs
Regarding the fixed-length representation the value of a syntax element is always
encoded using a specific number of bins, no matter of the actual value. This approach
implicitly assumes a uniform distribution of the syntax element and becomes less efficient
the more the actually underlying distribution differs from a uniform distribution. From
Figure 3.9 it is clear that the uniform distribution does not represent a good model for
the considered type of syntax elements and fixed-length codes are thus not well suited.
Non-systematic variable-length codes, as the name implies, map the value of a syntax
element to a bin string of variable length. Probably the most prominent example of
this group of codes is the Huffman code. More details about the creation of a Huffman
code can, e.g., be found in [Ohm04]. Non-systematic VLCs can be designed for arbitrary
probability distributions because they usually only rely on the probabilities of the possible
syntax element values, also denoted as source symbol. Given a set of source symbols and
their respective probabilities an optimal VLC can be designed for this specific set and
the accompanying probabilities. The resulting code table mapping source symbols to bin
strings needs to be known to both the encoder and the decoder. Fixed tables can be used
as long as the source characteristics do not change. However, any change in either the
set of source colors or the assigned probabilities make the use of a different code table
necessary. Thus, either several code tables need to be known to the encoder and decoder
and a simple table switching is triggered, or a new table is created and transmitted to the
decoder. As can be seen from Figure 3.9 varying syntax element statistics lead to drastic
1

To be precise this is not a conclusion from the figure but a prerequisite for the lossless reconstruction
of the syntax element at the decoder. This can only be guaranteed for integer number because the floating
point precision may vary on the respective decoding device.
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changes in the resulting probability distributions. These changes may be caused by, e.g.,
a modification of the encoder settings or changes in the content to code. In total, many
different code tables would be required, which is a severe drawback of non-systematic
VLCs.
This can be encountered by using systematic VLCs. For this class of codes the mapping
from the syntax element value to the bin string follows certain rules, depending on the
exact code that is utilized. This has the advantage that no code tables need to be
generated and kept up-to-date. A simple example of a systematic VLC is the unary
code that is suitable to code non-negative integer numbers. The unary bin string for a
certain value s (s > 0) consists of s times the bin ’1’, terminated by the bin ’0’. The
code symbols ’0’ and ’1’ may also be switched. This results in a length of the bin string
of s + 1, i.e., shorted bin strings are assigned to smaller values of s. Other examples
for systematic VLCs for non-negative integers are Golomb coding, Golomb-Rice (GR)
coding (sometimes also simply called Rice codind), or Exponential Golomb (EG) coding.
Detailed explanations of these code can be found in [Wie15] for example. Their bin
string lengths are also growing with increasing values of s. However, the rate of the
length increases can be reduced with these codes using a proper parameterization, which
should be adapted to the underlying probability distribution of s. Consequently, only the
used code parameter needs to be modified and signaled to the decoder if the probability
distribution of s changes. Storing or transmitting code tables is not required.
Binarization of Integer Values with VLCs
One disadvantage of the mentioned systematic VLCs is that they can not directly be
applied to integer syntax elements with two-sided distributions as depicted in Figure 3.9.
For the binarization of such a syntax element s the scheme proposed in [HWK17] can be
applied, where the absolute value |s| is considered as plotted in the left part of Figure 3.10.
The resulting distribution shows that |s| is still not well suited to be binarized by any of
the mentioned systematic VLCs. Their increasing bin string lengths for high values of s is
not optimal for the given case that the probability for s = 1 is higher than the probability
for s = 0. However, this can be fixed using one additional bin to code whether s is zero or
not, which allows to shift the probability distribution to the left by one, as it is shown in
the right part of Figure 3.10. An integer syntax element s is thus converted to three other
syntax elements called “abs_value_greater0_flag”, “sign”, and “abs_value_remaining”.
The abs_value_greater0_flag is simply one bin signaling whether the absolute value of
s is greater zero or not, i.e., whether s is zero or unequal to zero. If it is zero the bin
string consists of this single bin. If s is unequal to zero, the sign bin, as the name implies,
encodes the sign of s. And finally, the abs_value_remaining element is equal to |s| − 1,
which can not be negative because it is ensured by the abs_value_greater0_flag that
|s| > 0. This result has several advantages:
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Figure 3.10: Histogram of absolute value (left) and abs_value_remaining (right) of an
example syntax element s with medium variance as depicted in Figure 3.9 [HWK17].

• Due to the symmetric original distribution of s, the probability of the sign bin can
safely be modeled as 0.5.

• The probability distribution of abs_value_remaining can be modeled by a geometric
distribution, as it is also done for the quantized residual transform coefficient syntax
element coeff_abs_level_remaining in HEVC [SJN+ 12].

Due to the fact that the probability distribution of the abs_value_remaining can be
modeled by a geometric distribution just like coeff_abs_level_remaining syntax element
in HEVC [SJN+ 12], the same binarization scheme is employed in this theses, namely a
combination of Truncated Rice (TR) and EG coding. TR binarization is based on GR
coding but the resulting bin strings are, as the name implies, truncated after a specific
number of bins when a certain define maximum value smax is coded. Details about the
TR and EG codes can be found, e.g., in [Wie15]. Their combination, i.e., the binarization
scheme applied the coeff_abs_level_remaining syntax element in HEVC, is described in
[SJN+ 12] as well as in [Wie15]. The bin string structure of this scheme is controlled by
the parameter k, which should be assigned higher values for increasing variances of the
syntax elements to binarize.
Both GR and EG codewords consist of a unary code prefix of length np followed by a
specific suffix code of length ns . In both schemes ns is constant for a specific prefix. This
is also true for TR coding, except for the binarization of the maximum value smax , where
the terminating zero of the prefix and the suffix are omitted.
Using TR coding the unary prefix is of length
np =

jsk
.
2k

(3.2)
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Table 3.1: Binarization examples of the HEVC binarization scheme applied to the positive
integer values of abs_value_remaining for varying parameter values k; TR prefix and EG
suffix are separated by the vertical lines (|). Prefix and suffix within the two parts are
separated by spaces.
s
0
1
2
3
4
5
6
7
8
9
10
...

k=0

k=1

k=2

k=3

k=4

0
10
110
1110
1111|0 0
1111|0 1
1111|10 00
1111|10 01
1111|10 10
1111|10 11
1111|110 000
...

00
01
10 0
10 1
110 0
110 1
1110 0
1110 1
1111|0 00
1111|0 01
1111|0 10
...

0 00
0 01
0 10
0 11
10 00
10 01
10 10
10 11
110 00
110 01
110 10
...

0 000 0 0000
0 001 0 0001
0 010 0 0010
0 011 0 0011
0 100 0 0100
0 101 0 0101
0 110 0 0110
0 111 0 0111
10 000 0 1000
10 001 0 1001
10 010 0 1010
...
...

It is followed by the suffix of length ns = k. The suffix length and consequently also the
number of values of s that can be represented with a certain total TR bin string length
only depends on k, i.e., it is constant. Compared to that, the length of the EG suffix is
ns = k + np − 1.

(3.3)

It increases linearly with np . Out of that reason the number of values of s that can be represented with a certain total EG bin string length increases exponentially. Consequently,
EG coding is especially advantageous to limit the bin string length for high input values.
In combination, TR is used for small values and EG is employed for larger values to
binarize. The switching point between the two schemes is defined for the unary prefix
length of four [SJN+ 12], which means that smax = 4 · 2k . The parameter k is increased
by one for the EG part of the bin string. Resulting bin strings for example values of the
input syntax element s setting k to 0, 1, 2, 3, or 4 are shown in Table 3.1. Analyzing the
bin strings for k = 0, TR coding is used up to s = 2. The bin string for s = 3, where the
unary prefix length is four, is already the first EG bin string with a suffix length of zero.
Nevertheless, the TR bin string would be equal for s = 3. Subsequently, two s values
(4 and 5) result in the same bin string length. After that, four values s = {6, 7, 8, 9} are
binarized with the same bin string length, followed by eight values, and so on. For k = 1
EG coding is employed starting from s = 6. Thus, the binarization of the values 6 and 7
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produces bin strings of lengths five, while 8 to 11 (not contained in the table any more)
are converted to bin strings of lengths seven.
Combining the separation of an integer syntax element into its components abs_value_
greater0_flag, sign, and abs_value_remaining and the just described binarization of the
abs_value_remaining part leads to bin strings as depicted in Table 3.2, where the three
parts of the bin strings are separated by spaces. As desired, the bin string length is always
the shortest for s = 0 and grows for increasing s values, depending on the value of k. The
lengths of the bin string thus fit the distributions as depicted in Figure 3.9 and can be
adapted to the respective variance by adjusting the value of k.
Parameter Adaptation
In the binarization scheme for the coeff_abs_level_remaining syntax element in HEVC
this update of the parameter k is realized by the update equation [SJN+ 12]

min{4, k + 1}, if absCoeffLevel > 3 · 2k
k←
(3.4)
k
else.
Initially the parameter value is set to k = 0 and it is subsequently increased if the condition
is fulfilled. However, k is bounded to the interval [0, 4]. The variable absCoeffLevel,
which is part of the condition, is based on the coeff_abs_level_remaining. The value of
absCoeffLevel may be up to coeff_abs_level_remaining + 3. Coding residual transform
coefficients in HEVC is performed in a well-defined order [SJN+ 12, ITU13], where it is
assumed that the variance of the coeff_abs_level_remaining values is not decreasing.
Thus, there is no possibility to decrease the value of k before it is reinitialized to zero
again. However, this can not be assumed in general. Out of that reason the update rule
for k has been extended in [HWK17] to

k[x+1 ] ←




min{4, k[x0 ] + 1}

if sa [x0 ] > 3 · 2k[x0 ]





else,

max{0, k[x0 ] − 1} if sa [x0 ] < 2k[x0 ]
k[x0 ]

(3.5)

where sa [x0 ] = (1 − α)sa [x−1 ] + α|s[x0 ]| is the exponentially weighted moving average of a
syntax element s occurring for each pixel x. The smoothing factor α ∈ [0, 1] controls the
degree of smoothing, i.e., a larger α leads to less and a smaller α causes more smoothing.
The optimization performed in [HWK17] resulted in α = 0.35 being a sound choice,
which is also used in this thesis. This moving average sa as well as the parameter k are
thus potentially changing at each pixel position x, where x0 denotes the position of the
current pixel and x−1 the previous location. The parameter k is still limited to the range
[0, 4]. The condition to increase k is equal to that in (3.4) if absCoeffLevel is set equal
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Table 3.2: Binarization examples of the proposed binarization scheme applied to integervalued syntax elements for varying parameter values k; Bins resulting from the different
parts abs_value_greater0_flag, sign, and abs_value_remaining are separated by hyphens. TR prefix and EG suffix of the abs_value_remaining part are separated by the
vertical lines (|). Prefix and suffix within these two are separated by spaces.
s k=0
...
-10
-9
-8
-7
-6
-5
-4
-3
-2
-1
0
1
2
3
4
5
6
7
8
9
10
...

...
1-1-1111|10 11
1-1-1111|10 10
1-1-1111|10 01
1-1-1111|10 00
1-1-1111|0 1
1-1-1111|0 0
1-1-1110
1-1-110
1-1-10
1-1-0
0
1-0-0
1-0-10
1-0-110
1-0-1110
1-0-1111|0 0
1-0-1111|0 1
1-0-1111|10 00
1-0-1111|10 01
1-0-1111|10 10
1-0-1111|10 11
...

k=1

k=2

k=3

k=4

...
1-1-1111|0 01
1-1-1111|0 00
1-1-1110 1
1-1-1110 0
1-1-110 1
1-1-110 0
1-1-10 1
1-1-10 0
1-1-0 1
1-1-0 0
0
1-0-0 0
1-0-0 1
1-0-10 0
1-0-10 1
1-0-110 0
1-0-110 1
1-0-1110 0
1-0-1110 1
1-0-1111|0 00
1-0-1111|0 01
...

...
1-1-110 01
1-1-110 00
1-1-10 11
1-1-10 10
1-1-10 01
1-1-10 00
1-1-0 11
1-1-0 10
1-1-0 01
1-1-0 00
0
1-0-0 00
1-0-0 01
1-0-0 10
1-0-0 11
1-0-10 00
1-0-10 01
1-0-10 10
1-0-10 11
1-0-110 00
1-0-110 01
...

...
1-1-10 001
1-1-10 000
1-1-0 111
1-1-0 110
1-1-0 101
1-1-0 100
1-1-0 011
1-1-0 010
1-1-0 001
1-1-0 000
0
1-0-0 000
1-0-0 001
1-0-0 010
1-0-0 011
1-0-0 100
1-0-0 101
1-0-0 110
1-0-0 111
1-0-10 000
1-0-10 001
...

...
1-1-0
1-1-0
1-1-0
1-1-0
1-1-0
1-1-0
1-1-0
1-1-0
1-1-0
1-1-0
0
1-0-0
1-0-0
1-0-0
1-0-0
1-0-0
1-0-0
1-0-0
1-0-0
1-0-0
1-0-0
...

1001
1000
0111
0110
0101
0100
0011
0010
0001
0000
0000
0001
0010
0011
0100
0101
0110
0111
1000
1001
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Figure 3.11: Illustration of interval subdivisions during binary arithmetic coding assuming
different probabilities for the bins b0 , b1 , and b2 (based on [Ohm04]).
to coeff_abs_level_remaining. However, both conditions in (3.5) have been optimized in
[HWK17] to yield a minimum data rate for various parameters and the update rules in
(3.5) are consequently considered to perform generally well.
The utilization of the moving average sa outperforms the simple use of the instantaneous value s, which can be explained as follows. The parameter k serves as a model for
the time variant variance of the source distribution, where a proper choice of k is required
to achieve a small average bin string length. In HEVC the update scheme from (3.4) is
applied in the frequency domain, where neighboring coefficients are often assumed to be
uncorrelated . Thus, rather abrupt changes of the variance from x−1 to x0 are possible
which k needs to follow. Compared to that, the correlation between spatially neighboring
pixels is usually very high. Consequently, only slight changes of the variance of s between
to pixels is assumed. During the experiments performed for [HWK17] it turned out that
these slight changes can not be modeled well enough by the integer values of k with a
step size of one. The computed moving average sa results in a more accurate model of
the source variance and k is only updated if the detected variance changes are significant
enough.

3.3.2

Binary Arithmetic Coding

After the binarization step, the resulting bin strings are fed into the binary arithmetic
coder, where probability models may be applied to each of the bins. A simple example of
this procedure is provided in Figure 3.11, where two bins b0 and b1 are encoded. Starting
with the initial interval [0, 1), the interval is divided into two parts for binary arithmetic
coding of the bin b0 according to the probabilities p(b0 = 0) = 0.3 for b0 being 0 and
p(b0 = 1) = 1 − p(b0 = 0) = 0.7 for b0 being 1. These probabilities result from the
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probability model assigned to b0 . More details about probability modeling for the bin is
described in the subsequent section. The actual value of b0 is found to be b0 = 1, which
confirms the modeled probability. Accordingly, the interval is rescaled to the interval of
the symbol 1, which is [0.3, 1). The new interval width is now 0.7 and the border between
the two subintervals results from the lower interval edge plus the probability for b1 being
zero p(b1 = 0) times the new interval width, i.e., 0.3 + 0.6 · 0.7 = 0.72. Now the bin
b1 = 0 is obtained, which leads to a rescaling of the subinterval of the symbol 0. The
probabilities for the following bin b2 are assumed to be p(b2 = 0) = p(b2 = 1) = 0.5.
These equal probabilities may be caused by the fact that there is no probability model
implemented for this bin b2 , which is basically equal to using a constant model with
these probabilities. Note, however, that equal probabilities for the symbols 0 and 1
should only be considered if this is a valid assumption. It is principally not possible to
compress uniformly distributed bins as shown for b2 in the example using any kind of
entropy coding, as their information content is one bit. Consequently, a certain number
of uniformly distributed bins produces the same amount of bits in the resulting bit stream.
In practice, however, the decomposition into syntax elements often results in uniformly
distributed bins where no probability model needs to be assigned. Due to that reason
the number of bins utilizing probability models could be significantly reduced by a factor
of eight in HEVC compared to AVC [SB12]. Instead, uniform probabilities are assumed
for more bins and they are coded using the so-called “bypass mode” in Context-Based
Adaptive Binary Arithmetic Coding (CABAC) [MSW03]. Also in the work in [HWK17],
which is revisited in Chapter 4, it turned out that the gain in coding efficiency from
using more probability models is limited, because output bins of the previously explained
binarization scheme are approximately uniformly distributed.
The description of binary arithmetic coding is concluded by these considerations regarding the utilization of probability models. The interested reader is referred to the
literature, e.g., [TLL10, HV92, MW03, MSW03, SB12], for further details about the principles of arithmetic coding. Instead some remarks regarding the practical application of
arithmetic coding are provided. Unfortunately, the direct implementation of the introduced concept of interval subdivision is not possible. The floating point arithmetics and
the ongoing decrease of the interval width are a problem in practice. To eliminate these
issues, in a first step the computations are transferred to integer arithmetics by scaling
the interval followed by its discretization by means of representing it using a specified
number of bits. The subintervals are thus discrete portions of the complete interval.
However, ongoing subdivision of these intervals would finally also lead to very small sizes
of the remaining intervals that can not be properly represented using integers. To avoid
this a rescaling of the intervals is performed as soon as a definite coding decision has
been made.
This prevents the interval width from shrinking too much and, on the
other hand, also enables the coder to write out bits to the bit stream during the encoder
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run time. Subdivision of the intervals and rescaling requires multiplication operations
which are costly in practice and the main bottleneck regarding the throughput of the
coder [MSW03]. Towards the development of practical arithmetic coding engines great
progress could be achieved by replacing the multiplications with table-lookups like in
the Q coder [PMGGLA88] and its variants QM and MQ [MGBB00] coders [Mar, TLL10].
The concepts of multiplication-free coding has been further improved towards the M coder
[MW03], that has been included in the CABAC coding engine of the AVC video coding
standard [ITU03], which is reused also in HEVC [ITU13]. It should be clear that the
approximations introduced for the various multiplication-free arithmetic coding schemes
reduce the computational complexity at the cost of a degraded coding efficiency. Moreover, the focus of this thesis is not on the efficient and low-complex implementation of
state-of-art arithmetic coding schemes. Out of these reasons, a straight forward integer
implementation of arithmetic coding is employed within this thesis that includes multiplications, which has been developed in the student theses [Pyl16b] and [Fis17] following the
detailed descriptions provided in [BCK07]. Utilizing this kind of implementation should
serve as a validation of the coding schemes introduced in Chapter 7 and Chapter 4. As
shown in [Fis17] the achieved compression performance is almost identical to that of the
CABAC coding scheme used in HEVC. Consequently, only minor deviations from the
presented results are expected if state-of-the-art implementations as previously described
are employed.

3.3.3

Adaptive Probability Modeling

As illustrated by the example of arithmetic coding presented in Figure 3.11 in the previous
section, probability models are assigned to specific bins of the created bin strings. In
Figure 3.11, models for b0 and b1 are used. In Section 3.3.1 it has been explained that
systematic VLCs have the advantage of being easily adaptable to varying source statistics.
Employing binary arithmetic coding in conjunction with probability modeling for specific
bins continues this concept. Also the probabilities allocated to the states of a specific
bin are adapted during the encoding procedure depending on the previously coded values
of this bin. Thus, the efficient compression of non-binary syntax elements is not only
achieved by its probability distribution-aware binarization based on systematic VLCs and
by the probability modeling for arithmetic coding, but rather by the combination of both
coding approaches.
The employed update procedure of a probability model for a specific bin is implemented
in accordance with the model update in CABAC. For details about this process the reader
is referred to [MSW03]. A summary is provided in the following. The current state of a
probability model is represented using two parameters, the current value of Most Probable
Symbol (MPS) (i.e., the symbol being currently more probable) and the probability of
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Figure 3.12: Visualization of the CABAC probability state update from the HEVC specification [ITU13, MSW03, Wie15].
the Least Probable Symbol (LPS) (the currently less probable symbol). This probability,
however, is not represented as a continuous percentage, but as the so-called probability
state index. CABAC defines 63 discrete probability states, where each state represents a
certain LPS probability.2 The remaining state indices are thus in the range [0, 62]. These
states are, however, not equally distributed over the entire probability interval. In fact, the
probability distances between the states tends to be smaller for smaller LPS probabilities.
A visualization of the LPS probabilities of the different states is depicted in Figure 3.12.
Updating the state of a probability model is performed after coding the corresponding
bin. If the value of the just coded bin is equal to the MPS, i.e., the prediction of the model
is confirmed, the probability state index is increased by one which is further decreasing
the LPS probability. Otherwise, if the just coded value is equal to the LPS, the state
index is decreased, which causes in most cases several states to be skipped. The encoder
needs to look up the exact target state in a table that is standardized in HEVC [ITU13].
These state transition is are also shown in Figure 3.12, where the blue lines depict the
update if the current symbol is equal to the MPS (state index increase by one) and the
gray lines indicate the update after coding a LPS (decreasing state index).
The update of probability models during the encoder runtime can be further extended
to context adaptivity, where multiple probability models are used for a single bin and the
used model is selected based on the current coding context. The term coding context can
be interpreted as the current state of the codec including all of the already coded data.
More specifically, the model selection may be based on the value of the preceding sample,
2

There is one exceptional state, as explained in [MSW03].
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or a specific currently activated coding mode, or similar information, as long as it is also
available in the decoder. If one of multiple probability models per bin is selected, the
probability modeling is called context modeling. This kind of modeling is e.g. used in
CABAC, but not employed for the algorithms introduced in this thesis.

3.4

Conclusions

The modern world of video codecs is manifold and many scalable coding schemes have
already been developed and standardized, as presented in Section 3.2. However, EL
encoding and decoding in the context of standardized general-purpose scalable systems
like SVC and SHVC constitute a significant computational overhead. This is practically
hardly manageable by software solutions, but hardware implementations of the advanced
codec profiles and extensions are barely distributed in the market. To avoid the high complexity of these general-purpose scalable frameworks, the development of highly specific
but efficient scalable approaches is often favorable.
This thesis focuses on methods for EL compression that are very low-complex and thus
capable of real-time processing by software implementations. The EL codecs proposed
in Chapter 7 and Chapter 4 are largely independent of the employed BL codec and its
implementation. They can be combined with principally any (block-based hybrid) BL
codec and may be applied on top of hardware implementations of the BL codec.
To summarize, the EL coding schemes proposed in Chapter 7 and Chapter 4 of this
thesis offer the following benefits that are not achievable using state-of-the-art scalable
coding approaches:
• Current coding schemes for spatial scalability only support the resolution enhancement of all color channels of the coded video signal. Similarly, quality-scalable
coding is currently only able to improve the quality of all color channels. In contrast, the EL coding scheme proposed in Chapter 7 enables the specific improvement
of the chroma channels for the application of screen content coding, while ordinary
and wide-spread Y0 CbCr 4:2:0 codecs can be employed for the BL compression.
• EL compression with standardized codecs is even more computationally complex
than the BL encoder due to its extended functionality. This results in very long
processing times if software encoding is performed. However, hardware implementations of the scalable codecs are barely distributed in the market, especially regarding
encoders on consumer devices. The EL codec introduced in Chapter 4 eliminates
these problems by its very low complexity. Thus, the prevalent hardware implementations of the codecs may be employed in combination with EL compression in
software.
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4 Enhancement Layer Compression for
Scalable Lossless and Near-Lossless
Coding
In this chapter scalable coding in the Y0 CbCr 4:2:0 domain within the processing chain
according to Figure 2.1 is considered. Two variants of scalable coding are introduced
in this chapter. First, scalable lossless coding by means of the SELC scheme [HWK13,
HWK17] is described in Section 4.1. Subsequently, a modification of the SELC codec to
perform near-lossless coding [HK17] is presented in Section 4.2. Parts of this chapter are
based on [HWK17] and other previous publications by the author [HWK13, HWK14a,
HK17]. Note that even though both variants are employed for scalable coding within
the Y0 CbCr 4:2:0 domain only in this thesis, the extension to support chroma format
scalability is principally possible as well.

4.1

Scalable Lossless Coding

A review of scalable lossless video compression and potential applications has been presented in Section 3.2.1. This section describes an efficient solution for the target applications from Section 3.2.1 with specific focus on scenarios where the lossless EL is not
required for all pictures, i.e., where the BL serves as a preview and the EL is transmitted
on demand.
This section is split into two parts. The first part contains the algorithm description
of SELC. In the second part experimental performance analyses of the SELC scheme are
presented. All coding experiments in this section make use of test sequences from the
HEVC standardization test set [Bos13].

4.1.1

Algorithm Description

The following algorithm description of SELC is split into the three parts “System Overview”,
“Intra Picture Prediction”, and “Entropy Coding”. While the system overview provides
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ǔ[x] v̌BL [x]

+

v̌BL [x]
Intra
Pred.
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Figure 4.1: Overview of the SELC scheme for EL coding [HWK17].

an outline of the SELC framework, the remaining two parts describe the main building
blocks of SELC.

System Overview
An overview of the proposed SELC codec is depicted in Figure 4.1, where the encoder is
shown on the left side and the decoder is presented on the right side. The first step of
the encoder is the subtraction of the decoded BL signal v̌[x]BL from the uncoded Y0 CbCr
4:2:0 signal ǔ[x]. This difference signal is denoted as residual ř[x]. The remaining
encoding procedure consists of the two steps intra picture prediction and entropy coding.
The output of the prediction step is denoted as p̌[x] and the prediction error signal is
ě[x] = ř[x]− p̌[x]. The different signals within the framework are illustrated in Figure 4.2.
The top part of the figure shows the luma channel uY0 [x] of the input signal ǔ[x] and its
histogram. The luma channel rY0 [x] of the resulting residual signal ř[x] and its histogram
are depicted in the middle, and the bottom part of the figure presents the same for the
luma channel eY0 [x] of the prediction error signal ě[x]. The experiment is conducted using
the HM software for BL compression with a Quantization Parameter (QP) value of 32.
It can be observed that the histogram of the residual signal approximates a symmetric
distribution with zero mean. Moreover, the additional prediction step is able to reduce
the variance of the obtained distribution.
Note that the shown relative histograms for the luma channels of the residual and
the prediction error signal only depict the relevant part of the valid signal range. Due to
the difference computations, the possible value range of ř[x] is [−(2β − 1), 2β − 1] and
ě[x] ∈ [−2(2β − 1), 2(2β − 1)], where β is the bit depth of ǔ[x]. For example, if β = 8,
the valid signal ranges are ř[x] ∈ [−255, 255] and ě[x] ∈ [−510, 510].

4.1. Scalable Lossless Coding

49

Rel. frequency →

·10−2
2
1
0

Rel. frequency →

uY0 [x]

rY0 [x]

50

100
150
uY0 →

200

250

0.15
0.1
0.05
0
−20

−10

0

10

20

rY 0 →
Rel. frequency →

eY0 [x]

0

0.15
0.1
0.05
0
−20

−10

0
eY 0 →

10

20

Figure 4.2: Illustration of the different involved signals input uY0 [x], residual rY0 [x], and
prediction error eY0 [x] for the first frame of the BasketballPass sequence from ClassD;
The BL is coded using QP = 32. The values of the residual and prediction error images
are scaled by a factor five for better perceptibility.
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Intra Picture Prediction
The investigation of the residual signal images reveals that there is still a significant
amount of correlation left between neighboring pixels. As could be seen in Figure 4.2,
the structure of the image is still clearly visible in the luma channel of the residual
image. This serves as the motivation for the introduction of an additional intra picture
prediction step in the SELC codec. Moreover, also already stated in Chapter 3, hybrid
block-based video codecs employed for the lossy compression of the BL can perform blockbased prediction only due to the subsequent block transform. They are thus by design
unable to optimally exploit the spatial correlation of neighboring pixels. This is, however,
possible for pixel-wise lossless coding, where the decoder is able to predict based on the
already reconstructed lossless neighboring samples.
An important aspect for the choice of the prediction algorithm is the noise-like characteristics of the residual signal. Lossy BL compression may implicitly suppresses parts
of the noise contained in the input pictures for certain quantization settings [WYA+ 14].
These noise parts are thus shifted to the residual signal. Moreover, unsuppressed noise
components may exhibit a spatial displacement caused by motion-compensated prediction. The noise is consequently uncorrelated to the noise in the input picture and the
difference computation in fact increases the noise variance in the residual image compared to the input image [Wig14]. Different prediction scheme for their application in
SELC have been studied in [HWK14a]. It turned out that the SWP algorithm proposed in [WYA+ 13a, WYA+ 13b] outperforms the Median Edge Detector (MED) prediction [WSS96] for natural video content. Both schemes are of very low computational
complexity. However, SWP is based on the Non-Local Means algorithm for image denoising [BCM05] and thus very well-suited for predicting noisy image content. Consequently,
SWP is integrated for intra picture prediction of the residual signal in the SELC codec.
In principle SWP is a weighted prediction scheme based on a local neighborhood
of four samples. The prediction of the current sample is computed as a weighted sum
of these neighboring samples. The specific determination of the respective weighting
factors in SWP relies on another set of neighborhoods, called patches. A causal patch
around the current sample position is compared to each of the causal patches around the
neighborhood samples. These measured patch similarities are subsequently mapped to
weights for weighted sum of the neighboring samples. For a more detailed description
of the SWP algorithm, please refer to [WYA+ 13a] and [WYA+ 13b]. Note that several
neighborhood and patch sizes are suggested in [WYA+ 13a] for a more general version of
this predictor. In this thesis the neighborhood and patches according to [WYA+ 13b] are
employed.
It was already obtained in [HWK17] that prediction is not always advantageous. Depending on the BL quality and the specific structure of the resulting residual images it
may even increase the energy of ě[x] compared to ř[x]. Out of that reason it was pro-
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Figure 4.3: Visualization of the number of CUs where SWP is enabled or disabled for
ten frames of the RaceHorses sequence from ClassC ; distinction between decisions for the
luma channel and joint decisions for both chroma channels.

posed in [HWK17] to perform the prediction as well as the entropy coding steps of SELC
on a block basis. For an HEVC BL the CU partitioning (cf. Figure 3.4) can be reused.
For other BL codecs the respective block structure may be employed, or a fixed block
raster may be assigned. The idea for transferring the BL block structure to the EL is
expected to exploit the BL decisions, which partition the picture into blocks of different
characteristics, also in the EL. Focusing on the case of HEVC for BL compression, SWP
is tested for each block corresponding to a CU of the BL. Subsequently, the sum of absolute values of the the residual block is compared to the sum of absolute values of the
prediction error block. If it could be reduced by the prediction step, the prediction error
signal is encoded. Otherwise, prediction is bypassed and the prediction error signal is
set to the residual directly. This decision in favor or against prediction is made for the
luma channel and once for both chroma channels, resulting in two additional bits that are
coded.
A visualization of these two decisions for luma and chroma made by this adaptive
prediction is depicted in Figure 4.3. The experiment is also conducted using the HM
software. The BL quantization parameter is set to QP = {12, 22, 32, 42}, where higher
QP values correspond to larger quantization intervals and thus lead to lower BL qualities.
Subfigures (a) and (b) show the decisions whether SWP is enabled or disabled for the luma
and the chroma channel, respectively. Both follow the same trends. The percentage of
blocks where SWP is enabled increases for rising QP values, while the opposite is the case
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Figure 4.4: Visualization of the spatial distribution of the SWP enabled/disabled decisions.
for SWP being disabled. Interestingly, the ratio between blocks where SWP is enabled and
those where it is disabled is balanced in the mid-QP range. This observation strengthens
the approach of switching prediction on a block-level and not on a picture-level. Regarding
absolute numbers, the number of blocks with enabled prediction decreases for a QP of 42
compared to a QP of 32. This can be explained by the fact that the number of blocks
generally decreases for higher QP values, which is a well-known effect resulting from the
RDO. Encoding a lower quality with a smaller rate typically leads to larger block sizes
being selected.
The spatial distribution of these decisions is visualized in Figure 4.4 for the first frame
of the RaceHorses sequence from ClassD encoded with a BL QP of 32. It can be observed
that prediction is especially advantageous in the areas of the relatively smooth foreground
objects, i.e., the horses and the riders. In contrast to that, prediction is disabled for the
structured grass in the background.
Entropy Coding
The final step of the SELC encoder according to Figure 4.1 is entropy coding. It involves
the compression of the prediction error signal p̌[x] and the two bits per block that signal
whether prediction is enabled or not for luma and chroma components, respectively. The
block structure is not written to the EL bit stream, because it can be inferred from the
BL bit stream in the decoder.
Entropy coding in SELC is performed by binary arithmetic coding (cf. Section 3.3.2).
Also adaptive probability models are employed, as it is described in Section 3.3.3. The
prediction enabled/disabled bits are already binary syntax elements and are coded directly
using one probability model per bit. The compression of p̌[x] carried out in two steps. The
first step is the scanning process of the signal. In has been proposed in [HWK17] to follow
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a Hilbert space filling curve [Hil91] in order to exploit local spatial correlations between
the samples. It will be confirmed in Section 4.1.2 that this is beneficial compared to other
scanning procedures. The second step is the entropy coding of the individual non-binary
prediction error samples. The histogram of the luma prediction error samples is shown in
the bottom right part of Figure 4.2, which is similar to the histograms shown in Figure 3.9.
Consequently, the prediction error samples of a specific component Y0 , CB , or CR are
binarized using the binarization scheme for integer values presented in Section 3.3.1. Each
sample is split into the parts abs_value_greater0_flag, sign, and abs_value_remaining,
where abs_value_greater0_flag and sign are binary syntax elements and TR/EG coding
is employed to binarize the abs_value_remaining. Subsequently, adaptive probability
models are assigned to the abs_value_greater0_flag and the first bin of the created
abs_value_remaining bin string.

4.1.2

Experimental Results

In this section the performance of SELC is evaluated, which is limited to the analysis of
the compression performance within this thesis. The very low complexity of SELC has
already been verified in [HWK17]. The experiments are conducted using HM-16.2 [ITU]
for BL coding and 50 frames are encoded per coding experiment, if not specified otherwise.
The HM encoder is typically adjusted using a set of configuration settings. These sets
are called Intra Main (AI), Low-Delay Main (LB), and Random Access Main (RA) and
represent specific use cases [Bos13]. For the AI configuration only intra picture prediction is employed for all pictures. The other two configuration sets also exploit temporal
correlations by using inter picture prediction. The coding experiments are performed for
the four sequence classes ClassB , ClassC , ClassD, and ClassE , which have been used for
the standardization of HEVC. They group the individual sequences with respect to their
spatial resolution and its content. More details about these test sequences can be found
in [Bos13].
Influence of the EL Block Partitioning
The first analysis of the SELC scheme is performed with respect of different scanning
procedures that are possible. In the previous algorithmic description it has been stated
that a Hilbert space filling curve is used, which it employed on a block basis. The block
structure is transferred from the HEVC BL. Besides this BL CU-wise Hilbert scan, the
following other and potentially simpler scan procedures are considered:
• Raster scan per BL CU block
• Hilbert scan on a regular block basis
• Raster scan on a regular block basis
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Figure 4.5: Average EL bits per pixel with the different scanning variants for the RaceHorses sequence from ClassC (BL QP = {7, 12, . . . , 47}).
• Raster scan based on the complete image (no block partitioning)
Raster scan means that the respective image region (block or complete image) is scanned
row by row, where the row jump from the end of one line to the beginning of the next
line leads to discontinuities in the statistics of the scanned samples. Out of that reason
Hilbert scanning is expected to outperform raster scanning.
These different approaches are compared in the following for BL coding using the AI
configuration. For the regular block partitioning a block size of 8 × 8 is used. The Hilbert
space filling curve requires the blocks to be square and the block size to be a power of
two. Larger block sizes would need to be split for some of the image dimensions from the
test set. A smaller block size of 4 × 4 was also tested and performs worse.
The rates for these scan variants for the RaceHorses sequence from ClassC are depicted
in Figure 4.5. From the figure it can be observed that raster scanning the entire image
planes performs worst. However, the results for the other approaches are very similar.
Out of that reason the relative EL bit rate differences compared to raster scanning of the
image planes are shown in Figure 4.6. In this plot it can be observed that the Hilbert
scan per BL CU block generally outperforms the other approaches, as expected. This
difference becomes especially clear for high QP values. A quantitative comparison is
presented in Table 4.1, which lists the relative bit rate differences averaged over the used
BL QP values. On average performance decrease when executing the Hilbert scan on a
regular block structure compared to using blocks that are equal to the BL CUs is very
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Figure 4.6: Relative comparison of the scanning variants depicted in Figure 4.5; The
anchor is raster scanning the complete image planes without block partitioning. The
relative EL bit rate differences in percent of the other four variants are plotted (BL
QP = {7, 12, . . . , 47}).

56

4. Enhancement Layer Compression for Scalable Lossless and Near-Lossless Coding

Table 4.1: Relative bit rate differences in percent for the different scanning variants
averaged over BL QP = {7, 12, . . . , 47}; The anchor is raster scanning the complete image
planes without block partitioning.
Sequences

Raster
reg. blocks

Hilbert
reg. blocks

Raster
BL CU

Hilbert
BL CU

ClassB
ClassC
ClassD
ClassE

-0.06
-0.74
-0.92
-0.53

-0.07
-0.89
-1.06
-0.62

-0.13
-0.65
-0.81
-0.40

-0.25
-1.01
-1.15
-0.65

Average

-0.56

-0.66

-0.50

-0.77

small. This is a pleasant observation, as it allows to apply SELC EL compression without
any knowledge about the BL block partitioning with only a slight performance decrease,
especially for low to medium QP values. If no Hilbert scan is applied it is beneficial to
use regular blocks instead of the BL CU structure, which is rather interesting.
General Compression Performance
This section contains the evaluation of the general compression performance for lossless
coding with the SELC framework. In the evaluation, scalable coding with an HM BL
followed by SELC EL coding is compared against Single-Layer (SL) lossless coding. SELC
is employed in conjunction with HM BL compression and the CU-wise Hilbert scan is
used that performed best in the previous analysis. As described in Section 3.2.1, the
lossless compression performance of the first version of the HEVC standard is limited.
An improvement is provided by the so-called Range Extensions (RExt) [FMN+ 16]. Thus,
the extended HM encoder supporting these tools is used for SL lossless coding. SHVC
may be considered as an alternative approach for scalable lossless coding. Nevertheless,
it has been evaluated in [HWK17] already and was outperformed by SELC. Thus, it is
not included in the comparison here.
An initial visualization of the rates of the different bit streams that are involved is
provided by Figure 4.7, where different rates in bits per pixel are plotted for different
values of the QP. The figure depicts the rates for BL coding with the AI and the LB
configuration, as well as the rates for lossless SELC EL coding on top of that and the
sum of both layers (BL + SELC EL). Moreover, the bits per pixel needed for lossless SL
coding with the HM RExt encoder are plotted for both the AI and the LB configuration.
Note that no quantization is involved there and this is thus independent of the QP.
Horizontal lines are plotted just for visualization purposes. The two colors used for the
different curves indicate the HM configuration lossless SL or lossy BL coding is based on.
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Figure 4.7: Bits per pixel for compression of the RaceHorses sequence from ClassC ;
comparison of BL rate, SELC EL rate, and the sum of these two (BL + SELC EL) versus
SL lossless coding. The configurations AI and LB are utilized for both BL and SL coding.

For BL compression with the AI configuration, only intra picture prediction is involved
in both the BL and the EL. It can be observed that the sum of BL and EL rates is
approximately constant for the considered QP range. Moreover, this rate required for
lossless reconstruction is very similar to the rate needed for lossless SL coding with the
AI configuration. If the LB configuration is used for lossless SL coding, a more efficient
compression is possible. This is expected because enabling inter picture prediction is
typically more efficient as it can exploit temporal correlations. The sum of BL and EL
rates for LB coding of the BL behaves differently. The curve approaches the rate needed
for lossless SL AI coding for higher QP values. In contrast to that, it gets close to the bits
per pixel required for lossless SL LB coding for smaller QP values. This can be explained
by the fact that most information contained in the sequence is already contained in the
inter-coded BL, which is very efficient. Most of the temporal correlation could already be
exploited by BL coding for smaller QP values. In contrast to that, higher values of the
QP shift more information to the EL that performs intra picture prediction only.
Figure 4.7 shows results for the RaceHorses sequence from ClassC to illustrate an
example. A more comprehensive evaluation is depicted in Figure 4.8. It presents average
results for the four sequence classes ClassB , ClassC , ClassD, and ClassE . The individual
BL and EL rates are omitted here. Instead, only the sum of both layers is shown, which
lead to an increased scaling of the vertical axis. The meaning of color usage is continued
from Figure 4.7. Generally, the behavior of the curves is similar as it was observed in
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Figure 4.8: Average bits per pixel for the classes ClassB , ClassC , ClassD, and ClassE ;
comparison of BL plus lossless SELC versus SL lossless coding for the configurations AI,
LB, and RA.
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Figure 4.7. Scalable coding with an AI BL perform similar as lossless SL AI compression
and the required bits per pixel decrease for smaller QP values if inter picture prediction
is employed in the BL (LB and RA configurations). More specifically, BL coding with
the RA configuration leads to smaller sums of total rates for scalable coding. This is
an interesting observation, because there is almost no difference for SL coding between
the LB and the RA configuration. Besides that, it is also worth noting that scalable AI
coding is more efficient than lossless SL AI coding for most QP values considering ClassB .
Further research could analyze why this is observable especially for the ClassB sequences
and if a modification of the SELC scheme may achieve this also for other sequence types.
Only for the smallest QP values 7 the rates of scalable coding consistently increase, which
can similarly be observed also for the other sequence classes. This results from two effects.
First, there is the suboptimal efficiency of HEVC when it comes to very small QP values,
i.e., close to lossless coding, as explained in Section 3.2.1. Second, also the SELC coding
efficiency is limited for this high BL quality. Due to the fact that SELC is a purely pixelwise coding scheme it is necessary to code information for every sample, even if most of
the samples are zero, as it is the case if the BL quality is so high. This could be solved
by including alternative signaling modes, e.g., run-length coding or block-based signaling.
Also this may be analyzed in further research. However, it is questionable whether this
BL QP would practically be used for scalable lossless compression.
Finally, the results are further condensed by computing bit rate differences averaged
over all considered QP values. For this evaluation, the bit rates of the three cases of
scalable coding (BL coding with AI, LB, and RA configuration) are related to the three
cases of SL compression. Table 4.2 lists the average relative bit rate differences in percent
for the different cases, where SL coding with the HM RExt is always the anchor. Analyzing
the average results it can be concluded that scalable coding with AI BL compression is
approximately as efficient as lossless SL AI coding with HM RExt. Using the LB or
the RA configuration for the BL allows to reduce the rate significantly by preserving the
pleasant property of individually accessible EL pictures, which is a desired feature for the
applications described in Section 3.2.1. Comparing scalable coding with SELC with an
inter-coded BL to lossless SL inter coding, a bit rate increase of 13 to 14 percents needs
to be accepted, which is the natural penalty introduced by the two features scalability
and individual accessible EL pictures.
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Table 4.2: Relative bit rate differences in percent for BL plus SELC EL compared to SL
coding with HM RExt; BL and SL coding with the configurations AI, LB, and RA.
HM RExt SL AI

HM RExt SL LB

HM RExt SL RA

ClassB
SELC + BL AI
SELC + BL LB
SELC + BL RA

-1.0
-5.4
-5.7

9.6
4.7
4.4

9.5
4.7
4.4

27.6
15.0
14.1

27.7
15.0
14.2

43.8
26.3
24.9

43.5
26.0
24.6

15.8
9.2
8.9

16.2
9.6
9.3

24.2
13.8
13.1

24.2
13.8
13.1

ClassC
SELC + BL AI
SELC + BL LB
SELC + BL RA

0.7
-9.3
-9.9
ClassD

SELC + BL AI
SELC + BL LB
SELC + BL RA

2.0
-10.4
-11.4
ClassE

SELC + BL AI
SELC + BL LB
SELC + BL RA

2.1
-3.7
-4.0
Average

SELC + BL AI
SELC + BL LB
SELC + BL RA

0.9
-7.2
-7.8
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Scalable Near-Lossless Coding

Even though lossless reconstruction is required for specific applications, it is sometimes
beneficial and tolerable to allow a small well-defined error. Conventional block-based
hybrid video codecs can hardly achieve this goal, as they measure the introduced error in
the transform domain. Consequently, no statement about the exact effects in the spatial
domain can be made. It is thus possible that very large but local errors are introduced be
these coding schemes. This is, however, not tolerable in many applications. It is desired
to allow for a small loss but being able to control the maximum absolute error in the
spatial domain in order to prevent the loss of fine details. This is known as near-lossless
coding.
Traditionally the concept of near-lossless coding was mainly used in the area of image compression, like in JPEG-LS [ITU98, WSS00]. There has been some previous
work on near-lossless video compression incorporating inter picture prediction techniques
[NSMS13, YF00, US09]. These approaches are discussed in [HK17], where it turns out
that each of these proposals has its issues and no state-of-the-art compression performance
can be expected.
In contrast to that, it has been proposed in [HK17] to combine traditional video
compression and scalable coding by adding a near-lossless EL. This approach is able to
exploit the high video compression performance for lossy coding of state-of-the-art blockbased hybrid codecs, while enabling to fully control the maximum absolute reconstruction
error. This section provides an explanation of the proposed EL codec, which is called
SELC-NL because it is based on the SELC codec presented in the previous section.

4.2.1

Algorithm Description

The SELC scheme for lossless EL coding has been described in Section 4.1. It serves
as the basis for the SELC-NL codec for near-lossless compression of the EL. A block
diagram of the SELC-NL encoder is depicted in Figure 4.9, which employs the SWP for
spatial prediction like in SELC. In contrast to the SELC encoder, as it is depicted in
Figure 4.1, the prediction step is modified and extended by a lossy quantization block
(Q) and a scaling block (S) to recover the unquantized value range. The prediction error
signal ě[x] is thus not directly sent to the entropy coder but quantized before, which
yields the quantization indices of ě[x] that are denoted as q̌e [x]. In order to avoid drift
in the decoder it is required to predict the residual ř[x] based on the quantized residual
řq [x], which is reconstructed from the quantized prediction error signal ěq [x].
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Figure 4.9: Block diagram of the SELC-NL encoder [HK17] with lossy quantization (Q)
and scaling (S) in the spatial domain.
The core of the SELC-NL codec is the quantization in the spatial domain. As it is
proposed in [HK17], a uniform midtread quantizer is utilized, where a general scalar value
a is quantized to its quantization index qa analogously to (7.13):


|a| + o
qa =
· sign(a).
(4.1)
QEL
Like in (7.13), QEL is the quantization step size, and o the rounding control parameter.
The respective scaling is achieved by a simple multiplication, i.e., aq = qa · QEL . Quantization and scaling are applied separately to each of the components of ě[x] and q̌e [x],
respectively. Denoting the maximum absolute error that is tolerated as ε, this determines
the other parameters QEL = 2 · ε + 1 and o = QEL − ε − 1.

4.2.2

Experimental Results

The parameter ε can be adjusted by the user as desired. For the evaluation of the SELCNL scheme in this section it is set to the values ε = {0, 1, . . . , 7}. The compression
performance is analyzed by making two comparisons:
1. Near-lossless compression with SELC-NL is compared against lossless SL coding
using the HM RExt encoder with both the AI and the LB configuration. Significant
bit rate savings are expected if ε > 0 is adjusted.
2. As previously mentioned, near-lossless coding has its origin in image coding, where
the image codec JPEG-LS [ITU98] is capable of near-lossless image compression.
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However, JPEG-LS is not scalable. Thus, SELC-NL is compared against nearlossless JPEG-LS SL coding, where significant bit rate savings with scalable SELCNL coding are expected when inter picture coding is enabled for the BL. In particular, the BL is compressed with the AI and the LB configuration. For JPEG-LS,
the implementation from [jpe] is used.
For all comparisons the HM software is employed for BL compression and the quantization
parameter is adjusted to the values QP = {7, 12, . . . , 47}.
The comprehensive evaluation can be found in Figure 4.10. The top part of the
figure, Figure 4.10(a), depicts the results for AI coding of the BL. The bottom part,
Figure 4.10(b), shows the performance if the BL is compressed with the LB configuration.
Note, again, that the rate of the SL coding approaches (HM RExt and JPEG-LS) is
not depending on the BL QP. The horizontal lines are plotted solely for visualization
purposes. The curves in the top parts of each of the plots show the lossless compression
performance of HM RExt (AI and LB configuration) and SELC-NL (ε = 0). These
results have already been shown in Figure 4.7 and Figure 4.8. Additionally, also the
lossless coding performance of JPEG-LS (ε = 0) is presented now, which turns out to
be slightly better than the performance of HM RExt AI. Increasing the values of the
parameter ε leads to significant bit rate savings for both SELC-NL and JPEG-LS and
for both BL configurations, as expected. However, for AI coding of the BL, the bits
per pixel significantly increase for QPs smaller than 27. A similar effect could also be
observed in Figure 4.8 and may be explained by the suboptimal coding efficiencies of both
HEVC and SELC for this high BL quality. For LB BL compression this effect is much
less severe. Comparing the performance of scalable coding with SELC-NL to JPEG-LS
SL compression for an AI BL, it can be observed that SELC-NL is inferior for lossless
coding (ε = 0). However, for ε > 2 SELC-NL outperforms JPEG-LS coding for most of
the considered QP values. Thus, scalable coding with SELC-NL is even superior to SL
compression with JPEG-LS, even with an AI-coded BL. If the LB configuration is used
for the BL, the advantage of temporal prediction in the BL even further improves the
compression performance of the scalable framework. This scenario is well-suited for the
target applications described in Section 3.2.1.
Eventually, a visual comparison of JPEG-LS and SELC-NL compression is shown in
Figure 4.11. The two top images in this figure represent the uncoded image (left) and a
cropped region of it (right). The location of the cropped part is illustrated by the red box
in the top left image. The bottom part of the figure shows the uncompressed images. It
can be observed that the JPEG-LS compressed image exhibits severe artifacts in terms
of successive pixels of equal brightness. This lead to the impression of horizontal lines
within the image. These kind of artifacts are not present for the SELC-NL compressed
image. Also the quality in terms of luma PSNR1 is better in this case.
1

For a definition of the PSNR metric please refer to Section 6.1.
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(a) BL coded in AI configuration
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(b) BL coded in LB configuration
Figure 4.10: Comparison of HM RExt lossless SL coding, near-lossless JPEG-LS SL
coding, and near-lossless scalable coding with SELC-NL EL. The rates in bits per pixels
of these approaches are compared. For scalable compression with SELC-NL, the BL
is coded using QP = {7, 12, . . . , 47}. The SL methods HM RExt and JPEG-LS are
independent of the BL QP. The maximum absolute loss is set to ε = {0, 1, . . . , 7}.
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(a) Uncoded

(b) Uncoded zoomed

(c) JPEG-LS (PSNR: 36.1 dB)

(d) SELC-NL (PSNR: 37.2 dB)

Figure 4.11: Visual comparison of JPEG-LS SL and SELC-NL scalable coding for ε = 7
and a BL QP of 32 (based on [HK17]); JPEG-LS produces visually disturbing artifacts
that are not present for SELC-NL. The PSNR values refer to the shown region. For
the complete luma images the PSNR values are 35.8 dB and 37.0 dB for JPEG-LS and
SELC-NL, respectively.
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Conclusions

Conventional EL coding like SHVC applies an extended version of the HEVC encoder
for EL coding, which is additionally able to exploit the already coded BL information
by means of inter layer prediction. However, this extended encoder is processing both
the uncoded input data as well as the BL data and is thus even more computationally
complex as the respective BL encoder. Instead, the SELC approach described in this
chapter focuses on the compression of the residual data, i.e., the information lost by BL
compression. Thus, by considerably reducing the processed amount of data, only very
little computational complexity for its compression is added [HWK17].
Besides its low complexity, the compression performance of SELC in conjunction with
HEVC BL compression has been evaluated in this chapter. It turned out that scalable
coding with SELC on top of an intra-coded BL is approximately as efficient as SL intra
coding with the HM RExt encoder. Furthermore, more than 7% rate may be saved
compared to HM RExt SL intra compression if inter coding (LB or RA configuration of
the HM encoder) of the BL is enabled, while preserving the desired feature of individual
accessibility of the EL pictures. Compared to HM RExt SL inter coding about 13%
additional rate needs to be accepted if scalable coding with SELC delivering individual
EL picture access is employed. Regarding near-lossless scalable coding it could be shown
that SELC-NL performs similar or better than SL compression with JPEG-LS, while both
outperform HM RExt SL coding.
Due to its simple concept, SELC and SELC-NL are very flexible. Besides the presented
use cases, they may also be applied to other scenarios for lossless or near-lossless coding.
For example spatial scalability may be achieved by up-sampling the BL output signal and
coding of the residual signal with respect to the high-resolution original signal. Also bit
depth scalability is supported by SELC. The BL may be coded using a prevalent codec
implementation supporting eight bits per sample and the residual signal, consisting of
coding artifacts and errors due to the reduced BL precision, can be coded in the EL.

67

5 Screen Content Data Set
The previous chapter introduced the SELC scheme for scalable coding of natural video
content, focusing on input data in the Y0 CbCr 4:2:0 format. With SELC, quality scalability is achieved within the Y0 CbCr 4:2:0 color format. In contrast to that, the remaining
part of this thesis deals with investigations regarding chroma sub-sampling artifacts in
screen content sequences and scalable coding with the specific goal to reduce these artifacts. For this task it is necessary to assemble a suitable test set of screen content
videos, which is described in this chapter. First, the requirements of the created test set
are outlined in Section 5.1. Subsequently, already existing test sets with screen content
videos are introduced in Section 5.2. Finally, the recording of new sequences is explained
in Section 5.3 and the resulting test set is presented in Section 5.4.

5.1

Scenarios and Class Definitions

The created test set is desired to contain a variety of sequences reflecting the type of content occurring in typical screen sharing scenarios, which is the assumed application. The
following classes and their contents are assumed to be mostly relevant for this application:
Presentation Presentation slides with slide transition effects; Also the creation or modification of slides is interesting for this class.
VideoSharing Sequences containing any kind of video playback are allocated to this
class. The video may be embedded on a website (e.g., YouTube) or originate from
a local file from the computer of the user.
WebBrowsing This class is for all content related to browsing in the web, including
horizontal and vertical scrolling on websites and following links to other pages.
Office This class is for different kinds of office application use cases like document editing
with scrolling (text, spreadsheets, etc.), but also drawing graphics and diagrams is
desired.
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Desktop This is a very general class including basic actions like opening file folders or
changing between different applications. But also more specific cases are allocated
to this class, for example remote desktop assistance or programming.
Misc Other interesting content that does not fit into any of the other categories is
assigned to this class.
The screen content test set should contain several sequences in each of these categories.
Moreover, each category should contain sequences with the resolutions 1920 × 1080 and
3840×2160. For the Presentation class also a resolution of 800×600 should be considered,
as this resolution is expected to be still relevant for screen sharing when a projector is
connected. The temporal resolution of all sequences should be at least 30 frames per
second (fps).

5.2

Available Screen Content Test Sequences

For assembling the test set, two already available screen content test sequences are considered. One data set was kindly provided by LogMeIn Inc. (LMI). Another data set is
available that has been used for the HEVC screen content extension development [XJC16].
The set from LMI and its adoption is described first.
The data set provided by LMI contained a lot of sequences with different content
and various resolutions. However, many sequences could not be transferred to the new
test set. For several sequences the timestamps of the individual frames could not be
properly recovered, so they had to be excluded. Moreover, some sequences contained
very long sections without any motion. These parts have been removed from the videos.
Unfortunately, only the frame rate of two sequences could be inferred from the sequence
names. For all other LMI sequences the frame rate is undetermined and 30 fps are
assumed. Eventually, only eight sequences could be adopted from the LMI test set. They
are listed in Table 5.1. Most of the sequences are assigned to the classes VideoSharing
and WebBrowsing. Only one sequence is allocated to the class Misc. Moreover, only one
of these sequences fulfills the requirements in terms of resolution and frame rate, as stated
in Section 5.1. For most of them the spatial resolution is lower as desired. The video with
the highest resolution is recorded with only 15 fps.
The test set for the development of the HEVC screen content extension is the second
data set to be adopted. An overview of the sequences contained can be found in [YCRX15].
The original set contains sequences in both the Y0 CbCr 4:4:4 and the Y0 CbCr 4:2:0 format,
where only the Y0 CbCr 4:4:4 format sequences may potentially be adopted here. However,
two of the sequences do not contain screen content but are camera-captured and have thus
been excluded. Eventually, eleven sequences could be adopted from this data set. These
sequences and their class assignments are listed in Table 5.2. Almost all of these sequences
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Table 5.1: Screen content test sequences adopted from the LMI test set.
Class

Name

Resolution #Frames

fps

VideoSharing

WIN_20min_YoutubeShort
quicktime
VLC

1920x1200
1280x1024
1280x1024

100
400
400

30
30
30

WebBrowsing

MAC_vert_scrolling
VidSoftHomepage
weather.com
McDonalds.com

2880x1800
1280x1024
1280x1024
1280x1024

472
400
400
400

15
30
30
30

CAD

1280x1024

400

30

Presentation

Office
Desktop
Misc

Table 5.2: Screen content test sequences adopted from the HEVC screen content extension
test set [YCRX15].
Class

Name

Resolution

#Frames

fps

Presentation

sc_flyingGraphics
sc_SlideShow

1920x1080
1280x720

600
500

60
20

VideoSharing

sc_Basketball_Screen
sc_MissionControlClip2
sc_MissionControlClip3

2560x1440
2560x1440
2560x1440

623
600
603

60
60
60

WebBrowsing

sc_map
sc_web_browsing

1280x720
1280x720

600
300

60
30

Desktop

sc_console
sc_desktop
sc_programming

1920x1080
1920x1080
1280x720

600
600
600

60
60
60

Misc

sc_robot

1280x720

300

30

Office
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exhibit at least 30 fps, as desired. Also the resolutions of 1920 × 1080 or higher for many
of the videos are sufficient. However, for five of these sequences the resolution is smaller
than 1920 × 1080 pixels. Moreover, no sequence from the two adopted data sets could be
assigned to the class Office and no sequence has a resolution of 3840 × 2160 pixels, which
was also desired. Accordingly, the test set merged from the two described sources was
further extended by own screen content recordings. Details about the recoding procedure
are described in the next section.

5.3

Test Sequence Recording

This section explains details about the recoding of screen content test sequences to extend
the test set consisting of sequences from the LMI set and the HEVC screen content extension data set. The new sequences have been recorded on a computer running Microsoft’s
Windows operating system, because it is utilized by the majority of users running the
software products from LMI. With the software FFmpeg [Bel] it is possible to grab the
content of the screen when selecting the so-called “screen-capturing-recorder” application
[Scrb] as input device, as it is explained in [scra]. The basic command line call to grab the
screen and write the individual frames as a sequence of Portable Network Graphics (PNG)
images to disk is
ffmpeg -f dshow -i video="screen-capture-recorder" -pix_fmt bgr32 -r
FRAMERATE -an -format image2 DIR\capturing _%5d.png.
where “FRAMERATE” is the frame rate that should be used for the capturing and the
PNG images are written to the folder “DIR”. The prefix of the PNG files with this call is
“capturing_” and the picture number using five digits is appended to it. For details about
the individual arguments please refer to the FFmpeg documentation [Bel]. The video is
stored as a sequence of PNG images because this format has several important properties.
The most important factors are lossless compression and the R0 G0 B0 domain signal being
compressed directly, i.e., no chroma sub-sampling is performed. Moreover, encoding and
decoding works very fast, much faster than software-based video codecs performing inter
picture prediction. Figure 5.1 depicts an overview of the recording scheme. This direct
conversion of the grabbed screen to a PNG sequence, as previously described, is represented by the upper path in the figure. This approach works well as long as the CPU is
fast enough for the real-time PNG compression and writing the image files to the disk
is fast enough, where a fast solid-state drive is typically required. Low resolutions and
frame rates can be captured using this setting.
However, this basic procedure does not work any more for recording the high resolutions that are desired (up to 3840×2160 pixels). The CPU1 in the used recording machine
1

Intel Core i7-2600, 3.40 GHz
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DIR

Screen

Screen to PNG
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sequence

PNG sequence

TIFF to PNG

RAMDIR
Figure 5.1: Overview of the two recording procedures utilized to create new screen content
test sequences.

was too slow for the real-time PNG compression. Skipping the compression and writing
the raw data to disk instead is also no option without a high-performance RAID setup,
as the amount of data is simply too much and even the used solid-state drive is too slow.
Thus, a faster compression algorithm has to be selected. However, most of the common
image compression methods perform Y0 CbCr 4:2:0 sub-sampling and are thus not suited,
or their computational complexity turned out to be too high for real-time compression.
The Tagged Image File Format (TIFF) encoder provided by FFmpeg with the “packbits”
setting for entropy coding turned out to be best suitable for this task. However, also
this approach could only achieve 15 fps when recoding a resolution of 3840 × 2160 pixels.
Moreover, the drawback of TIFF format is the resulting data rate, which was again too
high to be written to the solid-state drive directly. To circumvent this problem, a RAM
disk2 was used to buffer the TIFF compressed data, before converting the images to a
PNG sequence stored on the harddrive. The FFmpeg command line call to record the
TIFF sequence on the RAM disk and store it into the directory “RAMDIR” is
ffmpeg -f dshow -i video="screen-capture-recorder" -pix_fmt rgb24 -r
FRAMERATE -an -format image2 -compression_algo packbits RAMDIR\capturing
_%5d.tiff.
The conversion to a PNG sequence stored in “DIR” is subsequently performed using
ffmpeg -i RAMDIR\capturing _%5d.tiff DIR\capturing _%5d.png.
This recording procedure with the intermediate TIFF sequence that is stored on a
RAM disk is shown in the lower path in Figure 5.1.
2

A RAM disk is a part of the computers RAM that is used like a normal disk drive.
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Summary of the Created Screen Content Test Set

First, the sequences from the LMI and the HEVC screen content test set were grouped into
the defined classes. Subsequently, missing sequences regarding content and resolutions
have been identified and recorded, as described in the previous section. Finally, the total
test set including all adopted and recorded sequences is outlined in Table 5.3, where newly
recorded sequences are highlighted in green. In this resulting test set each of the defined
classes contains multiple sequences. Moreover, sequences with the desired resolutions
1920 × 1080 and 3840 × 2160 pixels are available for all classes except Misc, and the class
Presentation additionally contains one sequence with a resolution of 800×600 pixels. One
example image for each class is shown in Figure 5.2. An overview of example images for
all test sequences from the set can be found in Appendix A.
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Table 5.3: All sequences in the created test set sorted by their content class. Newly
recorded sequences are highlighted in green.
Class

Name

Resolution

#Frames

fps

Presentation

sc_flyingGraphics
sc_SlideShow
PP_Transitions_4K_15fps
PP_Transitions_HD_30fps
PP_Transitions_800x600_30fps

1920x1080
1280x720
3840x2160
1920x1080
800x600

600
500
876
1326
1607

60
20
30
30
30

VideoSharing

sc_Basketball_Screen
sc_MissionControlClip2
sc_MissionControlClip3
WIN_20min_YoutubeShort
quicktime
VLC
YouTube_4K_15fps
YouTube_HD_30fps
LocalVideoPlayback_4K_15fps
LocalVideoPlayback_HD_30fps

2560x1440
2560x1440
2560x1440
1920x1200
1280x1024
1280x1024
3840x2160
1920x1080
3840x2160
1920x1080

623
600
603
100
400
400
1195
2441
511
1149

60
60
60
30
30
30
30
30
30
30

WebBrowsing

sc_map
sc_web_browsing
MAC_vert_scrolling
VidSoftHomepage
weather.com
McDonalds.com
WebBrowsing1_4K_15fps
WebBrowsing1_HD_30fps
WebBrowsing2_4K_15fps
WebBrowsing2_HD_30fps

1280x720
1280x720
2880x1800
1280x1024
1280x1024
1280x1024
3840x2160
1920x1080
3840x2160
1920x1080

600
300
472
400
400
400
1403
2852
1362
2084

60
30
15
30
30
30
30
30
30
30

Office

WordWriting1_4K_15fps
WordWriting2_4K_15fps
WordWriting_HD_30fps
WordTable_HD_30fps
Excel_4K_15fps
Excel_HD_30fps

3840x2160
3840x2160
1920x1080
1920x1080
3840x2160
1920x1080

1968
1540
2115
1576
1442
2053

30
30
30
30
30
30

Desktop

sc_console
sc_desktop
sc_programming
WindowsAnalysis_4K_15fps

1920x1080
1920x1080
1280x720
3840x2160

600
600
600
1023

60
60
60
30

Misc

sc_robot
CAD

1280x720
1280x1024

300
400

30
30
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CAD

Excel_4K_15fps

(a) Class Misc

(b) Class Office

PP_Transitions_4K_15fps

WindowsAnalysis_4K_15fps

(c) Class Presentation

(d) Class Desktop

YouTube_HD_30fps

WebBrowsing1_4K_15fps

(e) Class VideoSharing

(f) Class WebBrowsing

Figure 5.2: Example images from each class of the created test set. The tenth frame of
each sequence is shown.
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Conclusions and Open Issues

The created test set consists of 37 screen content sequences exhibit different resolutions
and frame rates. Some of the sequences were adopted from two other data sets, namely
a set provided by LMI and another set that was employed for the development of the
HEVC screen content extension. The sequences from the created test set will be used for
the evaluations in Chapter 6 and Chapter 7.
While setting up the recoding procedure it turned out that recoding fluent highresolution sequences is very demanding in terms of processing power and harddrive throughput. While low-complex compression schemes produce larger files that need to be written
to the harddrive (or RAM disk), highly efficient compression of the images quickly becomes too complex for real-time processing. To solve this problem a hardware grabber
should be used for future recordings of sequences with high resolutions and frame rates.
As can be seen by the number of frames listed in Table 5.3, some of the recorded
sequences are quite long. The test set may be further optimized by splitting these long
sequence into shorter scenes showing specific content. This has the advantage that the
obtained results are even more meaningful if they are can be directly related to specific
video content of the short scene. Additionally, this also allows for a higher parallelization
of the performed tests.
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6 Analysis of Chroma Sub-Sampling
Artifacts in Screen Content Data
The traditionally applied processing chain for video transmission has been introduced in
Chapter 2, where it was explained that prevalent video codecs work in the Y0 CbCr 4:2:0
domain, as shown in Figure 2.1. The loss introduced by chroma sub-sampling is usually
accepted for natural video data, because human’s reduced sensitivity for high-frequency
chroma details can be exploited for this case [Poy12]. Enhancement layer coding for
the improvement of the output fidelity is thus typically also limited to the Y0 CbCr 4:2:0
domain, as described in Section 3.2. Also the SELC scheme proposed in Chapter 4 of this
thesis leaves the chroma format untouched.
In contrast to natural image and video data, chroma sub-sampling causes noticeable artifacts for screen content material. An example of chroma sub-sampling artifacts has been
shown in Figure 3.7. To measure and reduce these artifacts, also the Y0 CbCr 4:4:4 signal
containing the full-resolution reference chroma planes is included for processing. Consequently, in contrast to Figure 2.1, the transmission chain supporting enhanced chroma
fidelity that is considered in the remainder of this thesis is structured as shown in Figure 6.1. The information source and sink are depicted as computer screens to emphasize
the focus on screen content video material in the following. The color space conversion
steps are equal to the respective blocks in Figure 2.1. However, the chroma format conversion steps and the actual coding are summarized in the right block, denoted as “Y0 CbCr
4:4:4 coding and transmission”. This block also contains potential EL coding schemes, as
introduced in Chapter 7 of this thesis, and thus defines the scope for the methods and
algorithms presented in the remainder of this thesis.
Based on this main block, this chapter discusses quality metrics for screen content
data, specifically focusing on the measurement of chroma sub-sampling artifacts. For this
purpose, an overview of quality assessment literature dealing with screen content data is
provided in Section 6.1. Subsequently, a dedicated metric to model the perceived chroma
sub-sampling artifacts is proposed in Section 6.2, which is followed by the experimental
evaluation of different decimation and interpolation filter choices for the chroma resolution
conversions.
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source

uR0 G0 B0 [x, t]

R0 G0 B0 to 4:4:4

u[x, t]

Y0 CbCr 4:4:4
Coding and
Transmission
sink

ṽR0 G0 B0 [x, t]

4:4:4 to R0 G0 B0

ṽ[x, t]

Figure 6.1: Overview of the considered scenario of screen content data transmission using
coding and transmission schemes for data in the Y0 CbCr color format; The core of the
Y0 CbCr 4:4:4 coding and transmission block is a video codec operating in the Y0 CbCr
4:2:0 domain. Chroma resolution conversion steps and potential EL coding is also part of
this block.

6.1

General Image Quality Assessment for Screen Content Images

The assessment of image quality has been an open research topic for many years already.
In addition to the well-known PSNR, more recent metrics like the Structural Similarity
Index Measure (SSIM) index [WBSS04] or the Visual Information Fidelity (VIF) metric
[SB06] try to better correlate with the human visual impression. During the last years
also machine learning techniques are applied for this task [BMM+ 16].
The PSNR, measured in Decibel (dB), can be considered as the default metric for
image quality assessment and is thus also utilized in this thesis as a reference. With two
single-component images a[x] and b[x] (x ∈ X ) with eight bits per sample, the PSNR
per color component is


2552
(6.1)
PSNR(a[x], b[x]) = 10 · log10
MSE(a[x], b[x])
and the Mean Squared Error (MSE) is defined as
1 X
MSE(a[x], b[x]) =
(a[x] − b[x])2 .
|X | x∈X

(6.2)

For natural video content the PSNR of a color image is typically calculated by a weighted
average of the PSNR values per color plane in the Y0 CbCr space like in [OSS+ 12]. However, this is not applicable for pure chroma sub-sampling artifacts where the luma channel
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is not affected and would exhibit PSNR results of infinity. Therefore, the PSNR between
two screen content images is measured in the R0 G0 B0 domain and denoted as PSNRR0 G0 B0 .
It is thus simply defined as the average of the PSNR values of the individual color components R0 , G0 , and B0 .
In contrast to these metrics that are primarily designed for evaluating the quality
of natural images, there are also metrics focusing on the quality assessment of screen
content images, targeting a better correlation between the objective quality metric and
the subjective test scores. In order to compute these correlations, several screen content
data sets have been proposed that are accompanied by subjective test scores, for example
the SIQAD [YFLW14], the SCD [SZW+ 15], or the IML-SCI [WCZ+ 17] data sets. For the
SIQAD data set 20 original screen content images have been distorted with seven kinds
of distortion and seven distortion strengths, resulting in 980 distorted images. However,
only two of the seven distortion types include chroma sub-sampling. A subjective study
has been conducted to get ground truth quality data for these images. Finally, twelve
traditional image quality metrics like PSNR, SSIM, and VIF were evaluated, where only
small correlations with the subjective results have been obtained. The SCD data set
evaluated two types of distortions. On the one hand, color space conversion and chroma
sub-sampling to the Y0 CbCr 4:2:0 domain and HEVC compression are performed. On
the other hand, HEVC coding with its Screen Content Coding extension [XJC16] without
chroma sub-sampling is employed. Also the IML-SCI data set provides a set of reference
and distorted screen content images in conjunction with subjective evaluation results.
Ten different distortion types are applied with five distortion strengths per type. The
distortions include lossy image compression methods, different blurring types, and other
degradations affecting the general image quality.
Based on these data sets objective metrics can be designed for the automatic determination of the image quality. A number of metrics have been proposed during the last
years [YFL15, WGZ+ 15, NMZ+ 16, GWY+ 16, WGZ+ 18]. However, all these proposals
are trained based on the SIQAD and the SCD data sets. Consequently, these methods
are well-suited to determine the quality of screen content images regarding distortions like
coding artifacts or noise, but they cannot be used to explicitly measure the degradation
introduced by chroma sub-sampling.

6.2

Specific Assessment of Chroma Sub-Sampling Artifacts

As previously described, there is a variety of literature available regarding the quality
assessment of screen content images. However, none of these approaches is suitable to
determine the level of chroma sub-sampling artifacts as they are introduced by Y0 CbCr
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4:4:4 to Y0 CbCr 4:2:0 conversion (cf. Section 2.2). This section tackles this issue by
introducing an objective metric specifically focusing on measuring the perceived chroma
sub-sampling artifact level in Section 6.2.1. Subsequently, an experimental validation of
the introduced metric is presented in Section 6.2.2. Eventually, different decimation and
interpolation filters for the chroma resolution conversions are evaluated in Section 6.2.3.
Parts of this section have evolved in conjunction with a bachelor’s thesis [Fle17].
Moreover, the results of this joint effort have partly been published in [HWF+ 17], which
contains results that are also presented within this section.

6.2.1

The PCSE Metric for Chroma Sub-Sampling Artifact Detection

This section introduces the so-called Perceived Chrominance Sub-sampling Error (PCSE)
metric in order to explicitly measure errors that are caused by chroma sub-sampling when
converting from the Y0 CbCr 4:4:4 to the Y0 CbCr 4:2:0 format. As explained in Section 2.2,
this conversion process typically consists of low-pass filtering follower by downsampling.
The low-pass filtering removes high-frequency components from the chroma channels,
which may not be recovered when converting back to the full chroma resolution. This
leads to the basic idea of the PCSE metric. High-frequency components are required to
represent sharp edges in the image. Consequently, the loss introduced by chroma subsampling can be inferred by comparing edges in the the luma and chroma planes of the
involved images.
Edges in images can be measured by gradient operators. With the gradient Gh [x] in
horizontal direction and the gradient Gv [x] in vertical direction, the gradient magnitude
is
q
(6.3)
S[x] = G2h [x] + G2v [x],
which represents the sharpness at a specific pixel position x. In this work the well-known
Sobel operator for computing the gradients is used. Nevertheless, other gradient operators
like the Roberts operator have also been tested and lead to similar results.
In the following paragraphs, two approaches to model the perceived chroma subsampling artifact level based on this sharpness S[x] are introduced. The first method
estimates the artifact level if chroma sub-sampling will be applied using the Y0 CbCr 4:4:4
image only. This method provides a forecast of the artifacts without actually incorporating
the chroma sub-sampled image. The second approach measures the error by incorporating
both the Y0 CbCr 4:4:4 and the Y0 CbCr 4:2:0 image.
Pixel-Based Artifacts Forecast Based on the 4:4:4 Image
The metric to measure the chroma sub-sampling artifacts presented in this section is solely
based on the Y0 CbCr 4:4:4 image. No information from the chroma sub-sampled image is
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used. In order to estimate the perceived artifact level, the sharpness S[x] is computed for
different image planes, resulting in the luma sharpness SY0 [x], the CB sharpness SCB [x],
and the CR sharpness SCR [x]. In general, a higher artifact level is expected for higher
SCB [x] and SCR [x], because the low-pass filtering leads to higher distortions of these image
planes. On the other side, higher SY0 [x] values, that are not affected by chroma subsampling, decrease the perceived artifacts, because the high luma sharpness may overlay
the loss in chroma sharpness. Consequently, the estimate for the perceived chroma subsampling artifact level is given by
F
[x] = 1 −
EPCSE

SY2 0 [x]
,
SY2 0 [x] + SC2 B [x] + SC2 R [x]

(6.4)

where the luma sharpness is related to the total sharpness of all three channels. The
squared sharpness values are used here instead of the absolute values, because this leads
to higher correlations with the subjective test results introduced in Section 6.2.2. Additionally, this eliminates the computation of the square root in (6.3) and thus leads to a
F
low computational complexity. As an exception, EPCSE
[x] = 0 is set for the case where
F
[x] is in
SY0 [x] = SCB [x] = SCR [x] = 0. With these definitions, the PCSE forecast EPCSE
F
the range 0 ≤ EPCSE [x] ≤ 1, where higher values represent a higher estimated perceived
artifact level.

Pixel-Based Full-Reference Artifact Detection
F
Based on the previously introduced EPCSE
[x], the accuracy of the perceived chroma subsampling artifacts model is expected to increase if also the chroma sub-sampled image
planes are incorporated. For this purpose, the 4:2:0 planes are reconstructed to the full
resolution, which allows a pixel-wise comparison of the sharpness levels. The detected
D
PCSE EPCSE
[x] is thus defined as

D
EPCSE
[x]

SY2 0 [x] + S̃C2 B [x] + S̃C2 R [x]
,
=1− 2
SY0 [x] + SC2 B [x] + SC2 R [x]

(6.5)

where S̃CB [x] and S̃CR [x] are the sharpness planes of the up-sampled and reconstructed
CB and CR planes. In (6.5), the total sharpness in the Y0 CbCr 4:2:0 image is related to
the total sharpness in the Y0 CbCr 4:4:4 image, where SY0 [x] = S̃Y0 [x], as the Y0 image
D
plane is not affected by chroma sub-sampling. As in (6.4), EPCSE
[x] is set to zero if
SY0 [x] = SCB [x] = SCR [x] = 0. Additionally, zero is set as a lower bound, leading again
D
to 0 ≤ EPCSE
[x] ≤ 1.
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F
D
A relation between EPCSE
[x] and EPCSE
[x] can be established when rearranging (6.5)

to
D
EPCSE
[x] = 1 −

S̃C2 B [x] + S̃C2 R [x]
SY2 0 [x]
−
SY2 0 [x] + SC2 B [x] + SC2 R [x] SY2 0 [x] + SC2 B [x] + SC2 R [x]

F
= EPCSE
[x] −

S̃C2 B [x] + S̃C2 R [x]
.
SY2 0 [x] + SC2 B [x] + SC2 R [x]

(6.6)

D
F
It can be seen that EPCSE
[x] is based on EPCSE
[x], but modified by a term depending on
the reconstructed sub-sampled chroma planes. Remaining sharpness in the reconstructed
D
image planes, i.e., S̃CB [x] > 0 or S̃CR [x] > 0, is thus able to reduce the EPCSE
[x] compared
F
to the EPCSE [x], which is a reasonable result.

From Pixel-Based to Image PCSE
F
D
The previously introduced EPCSE
[x] and EPCSE
[x] both model the perceived chroma subsampling artifacts per pixel. The error of a complete image or region may be computed
by averaging over all pixels. However, this averaging will also include large single-colored
areas that are present in screen content images, where the pixel-wise PCSE metrics are
zero. This would lead to very small average values that are highly dependent on the
amount of single-colored areas within the image. Out of that reason, it is proposed to
F
compute the average EPCSE
[x] according to
F
ĒPCSE
=

1

X

F
kEPCSE
[x]k0

x

F
EPCSE
[x],

(6.7)

where x originates from the image domain X or a certain region of the image, i.e., a
F
F
[x], which delivers the
[x]k0 is the L0 norm of EPCSE
subset of X . In this equation kEPCSE
F
number of non-zero elements in EPCSE [x]. This preserves the value range of the pixelF
F
wise PCSE, i.e., 0 ≤ ĒPCSE
≤ 1. The exception of kEPCSE
[x]k0 = 0 is handled by setting
F
D
ĒPCSE to zero in that case. The detected PCSE metric EPCSE [x] is averaged in the same
manner, leading to
X
1
D
ĒPCSE
=
E D [x].
(6.8)
D
kEPCSE
[x]k0 x PCSE
D
D
Also here, ĒPCSE
= 0 if kEPCSE
[x]k0 = 0.

6.2.2

Experimental Validation of the PCSE Metric

In order to validate the proposed PCSE metrics, an artificial test data set explicitly
exhibiting chroma sub-sampling artifacts has been created. The set consists of 224 original
images that are degraded by 4:2:0 chroma sub-sampling. The decimation filter for subsampling has been selected as averaging filter of the respective 2 × 2 chroma samples
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4:2:0 sub-sampled

Figure 6.2: Two examples of the created data set from [HWF+ 17]; the left parts show the
original and the right parts show the 4:2:0 sub-sampled and reconstructed parts.
block, which will be denoted as “variant 1” in Section 6.2.3. Zero-order hold interpolation
(cf. Section 6.2.3) has been used for the reconstruction of the full chroma resolution.
Two example images from this data set are depicted in Figure 6.2. The left part of the
figure shows the undistorted parts of the images, whereas the right parts are distorted
by chroma sub-sampling. For more details regarding the data set and its creation, please
refer to [HWF+ 17].
Subsequently, a subjective test according to the Absolute Category Rating (ACR)
[P9108] has been conducted in order to evaluate the relation between the PCSE metrics
and the subjective scores. The images were presented to ten subjects for their subjective
evaluation. Eventually, the resulting scores per image were average to yield the Mean
Opinion Score (MOS) for each picture. This data set including the images and the subjective test results was also made publicly available [HWF+ ].
F
D
The relationship between two PCSE metrics ĒPCSE
and ĒPCSE
and the MOS values
obtained from the subjective evaluation is visualized in Figure 6.3, where each point
corresponds to one of the 224 images from the test set. Both plots show that the trend of
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Figure 6.3: Scatter plot of the MOS values versus the ĒPCSE
(left) and versus the ĒPCSE
(right) from [HWF+ 17]. The least squares regression lines utilized for the RMSE calculation in Table 6.1 are plotted in black.

Table 6.1: Comparison of different objective metrics regarding their relation to the subjective voting results (from [HWF+ 17]). The two variants of the proposed PCSE metric
D
F
. They are compared to the prevalent image quality metrics MSE,
and ĒPCSE
are ĒPCSE
PSNR, and SSIM. Moreover, also a comparison to the screen content quality metric
SQMS [GWY+ 16] is provided.

PLCC
SROCC
RMSE

MSE

PSNRR0 G0 B0

SSIM

SQMS

F
ĒPCSE

D
ĒPCSE

-0.3995
-0.5202
0.8730

0.4264
0.4655
0.8542

0.4512
0.4533
0.8499

-0.1092
-0.1592
0.9466

-0.7937
-0.7852
0.5793

-0.7943
-0.7857
0.5786

the PCSE metrics coincides with the subjective results in terms of the MOS values. The
points are clustered around the least squares regression lines that are plotted in black.
The horizontal axes of the plots are scaled to the full range of the PCSE metrics, i.e.,
D
saturates for small MOS scores that
to the interval [0, 1]. This reveals that the ĒPCSE
D
D
should lead to high ĒPCSE values. Instead, no ĒPCSE higher than 0.7 occurs. When
D
F
looking carefully it turns out that the ĒPCSE
is close to a scaled ĒPCSE
. A detailed
F
analysis showed that this is not exactly true. Recalling the relationship between EPCSE
D
D
F
and EPCSE
from (6.6), it becomes clear that EPCSE
< EPCSE
must be valid generally.
However, the incorporation of additional knowledge about the chroma sub-sampled image
planes does not have the expected effect. This is also reflected in the computed objective
performance measures Pearson Linear Correlation Coefficient (PLCC), Spearman RangOrder Correlation Coefficient (SROCC), and Root Mean Squared Error (RMSE) that
indicate the quality of the proposed perceived artifact models. They are listed in Table 6.1.
The common objective image quality metrics MSE, PSNR, and SSIM are compared to
the two proposed versions of the PCSE. The RMSE values depict the error with respect
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to the least squares regression lines shown in Figure 6.3. The computation of the MSE,
the PSNR, and the SSIM index was performed for each plane of the R0 G0 B0 images with
subsequent averaging over the three color channels. Two grayscale images without chroma
F
D
sub-sampling artifacts (ĒPCSE
= ĒPCSE
= 0 in Figure 6.3) and PSNR values of infinity
were excluded for computing the PLCC, the SROCC, and the RMSE. It can be observed
F
D
that the proposed metrics ĒPCSE
and ĒPCSE
clearly outperform all the compared reference
metrics. Also the dedicated screen content image quality metric SQMS introduced in
[GWY+ 16] is included in this comparison as an example for a specific screen content
metric. However, the SQMS in fact performs worst in this comparison. Moreover, there
D
F
is only a minor improvement of the ĒPCSE
compared to the ĒPCSE
.
F
D
Considering the averaged metrics ĒPCSE
and ĒPCSE
only, one might get the impression
that the two metrics are generally very similar. However, considering the pixel-wise
F
D
metrics EPCSE
[x] and EPCSE
[x], a clear difference can be observed. A comparison example
is shown in Figure 6.4 for a snippet of the first frame from the LMI_CAD sequence from
Misc. Part (a) of the figure shows the considered snippet of that image. Parts (c) and
F
D
F
[x] values
[x], where higher EPCSE
[x] and EPCSE
(d) depict the pixel-wise metrics EPCSE
D
can be observed for many pixels compared to the EPCSE [x] values. A comparison between
F
D
EPCSE
[x] in (c) and EPCSE
[x] in (d) is provided in figure part (b), where gray color signals
F
D
F
[x] > 0
that EPCSE [x] = EPCSE [x] = 0 for these regions, green pixels mean that EPCSE
D
F
D
but EPCSE [x] = 0, and both EPCSE [x] and EPCSE [x] are greater zero for blue pixels.
Based on these observations of the differences between the pixel-wise metrics, it seems
that the average computations in (6.7) and (6.8) compensate the pixel-wise differences.
Experiments revealed that even without dividing by the L0 norm in (6.7) and (6.8), the
two metrics are closely related. A student work [Xin17] has tried to further analyze the
proposed metrics to better understand this behavior and to further improve the metrics.
Unfortunately, both did not lead to promising results.

6.2.3

Decimation and Interpolation Filters for Chroma Format
Conversion

The chroma resolution conversion as explained in Section 2.2 is employed to convert between the Y0 CbCr 4:4:4 and the Y0 CbCr 4:2:0 format. In this thesis only the 4:2:0 format
for chroma sub-sampling is considered. Nevertheless, the quality of the resulting reconstructed signal is dependent on the employed decimation filter hD [x] and the interpolation
filter hI [x]. Out of that reason, this section introduces a selection of possible filters and
evaluates their performance in terms of Y0 CbCr 4:4:4 or R0 G0 B0 fidelity. This analysis
has also been part of a master thesis [Tau18] supervised by the author, which served as a
basis for the evaluation presented in this section.
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(a) Image part

D
F
[x] map
[x]/EPCSE
(b) EPCSE

1
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F
(c) EPCSE
[x]

D
(d) EPCSE
[x]

F
D
Figure 6.4: Visualization of the pixel-wise metrics EPCSE
(c) and EPCSE
(d) within the
image part of the LMI_CAD sequence from Misc show in (a); The top right part (b)
F
D
shows where both metrics are zero (gray), where EPCSE
[x] > 0 but EPCSE
[x] = 0 (green),
F
D
and where both EPCSE [x] and EPCSE [x] are greater than zero (blue).
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Decimation Filters
This section introduces five different filters that may be applied before reducing the sampling rate when sub-sampling the chroma components. The simplest method is to perform
no filtering and directly omit every second sample in vertical and horizontal direction.
This represents variant 0 of the presented approaches and may be described by filtering
with the trivial filter
h0D [x] := 1.
(6.9)
No low-pass filtering is expected to introduce aliasing while sub-sampling. Nevertheless,
this approach is tested because of its simplicity.
The probably most intuitive way of low-pass filtering before sub-sampling by a factor
of two in both directions is averaging of chroma samples per 2 × 2 block. This is denoted
as variant 1 and described by the filter


1 1 0
1

h1D [x] := 1 1 0 .
(6.10)
4
0 0 0
For the reason of a clear notation, this and the following filter kernels are padded by zeros
to be square and of odd width and height. Thus, their origins are defined at the kernel
centers, i.e., x ∈ {x = (m, n) | − 1 ≤ m ≤ 1, −1 ≤ n ≤ 1}. Note that the kernels
are vertically and horizontally flipped for the two-dimensional convolutions operations in
(2.21) and (2.22). The low-pass-filtered version of the first sample to the top left of the
chroma plane is thus the average between itself and its neighbors below, to the right, and
below right. Note that the output of this filtering process is assumed to have the same size
as the full-resolution chroma plane or the luma plane, as the actual sub-sampling follows
in a separate step afterwards. Thus, the filter output for a certain filter position x is stored
at that location in the output image. However, depending on the filter kernel, the virtual
location of the filter output may be between the grid positions of the full-resolution image
plane. This is illustrated in Figure 6.5 for the three different (virtual) locations that occur
with the filters used in this thesis. The output of the filter h1D [x] (variant 1) is virtually
located centered between the averaged high-resolution samples, as shown in Figure 6.5(b),
whereas the output of filtering with h0D [x] resides at the current filter position as illustrated
in Figure 6.5(a). These virtual locations result from asymmetric filter kernels and need
to be considered for interpolation filtering in the up-sampling process to avoid a shift
between the luma plane and the reconstructed full-resolution chroma planes.
In contrast to the chroma location according to variant 1, the video coding standards
AVC and HEVC specify the sub-sampled chroma location for coding according to Figure 6.5(c) [Wie15]. Other locations may finally be used for display in order to avoid the
displacement between luma and chroma planes. The filters introduced in the following
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(a) Variant 0

(b) Variant 1

(c) Variant 2

Figure 6.5: Illustration of the two considered variants of sub-sampled chroma positions
( ) in relation to the high-resolution (luma) positions ( ).
achieve this virtual location and are jointly denoted as decimation filtering variant 2.
Probably the simplest filter delivering this location is represented by


0 1 0
1

(6.11)
h2a
0 1 0 ,
D [x] :=
2
0 0 0
which averages the current sample and the sample below and is denoted as variant 2a.
The disadvantage of this kernel is its property to perform only vertical low-pass filtering. This may lead to horizontal aliasing. A kernel performing both vertical and
horizontal filtering is given by


1 2 1
1

h2b
(6.12)
1 2 1 ,
D [x] :=
8
0 0 0
which is variant 2b. The two center coefficients of this kernel are larger compared
to the outer coefficients to avoid too strong smoothing. The weights of the center are
even further increased by the filter given in the Moving Picture Experts Group (MPEG)
document [LFH15], which is variant 2c and defined as


1 6 1
1 

h2c
(6.13)
1 6 1 .
D [x] :=
16
0 0 0
The following sections introduce interpolation filters for the reconstruction of the highresolution chroma planes. Afterwards, different combinations of low-pass and interpolation filters are experimentally evaluated.
Interpolation Filters
Interpolation filtering is applied after the insertion of zeros in the reconstruction process
when converting back to the full-resolution chroma planes. For this task it is required to
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consider the virtual chroma location created during the low-pass filtering as previously
described. In this section three different interpolation methods suitable for the positions
depicted in Figure 6.5 are introduced.
For the interpolation filtering, the actual locations of the low-resolution samples on
the high-resolution grid are considered. This is comparable to Figure 6.5(a) with the
chroma sample at the top left position and inserted zeros at the remaining three locations.
The interpolation approaches “zero-order hold interpolation”, “bilinear interpolation”, and
“MPEG interpolation” are considered and evaluated in the subsequent section. These
three methods are explained in the following.
Zero-order hold interpolation: This is the simples interpolation technique, where a
sample value is simply repeated until the next sample with a value unequal to zero
appears. It may also be interpreted as nearest neighbor interpolation and can be
formally defined by filtering with the kernel
!
1 1
hZI [x] :=
.
(6.14)
1 1
This approach may principally be applied to sub-sampled images obtained by any
of the above decimation filtering variants.
Bilinear interpolation: With bilinear interpolation the neighboring samples are weighted
according to their distance to the currently interpolated sample. This makes it necessary to select a specific interpolation filter depending on the virtual location of
the sub-sampled chroma samples. The following filters match the considered chroma
locations for the considered variants as shown in Figure 6.5.
• Variant 0:




1 2 1
1

hB0
2 4 2
I [x] :=
4
1 2 1

(6.15)

• Variant 1:


0
0
1 

:=
hB1
[x]
0
I
16 
0
0

0
1
3
3
1

0
3
9
9
3

0
3
9
9
3

0
1
1

B2
hI [x] := 3
8
3
1

0
2
6
6
2


0
1


3

3
1


0
1


3

3

(6.16)

1

• Variant 2:


(6.17)
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Table 6.2: Suitable decimation and interpolation filter combinations that are evaluated in
this section. The MPEG interpolation filter may only be used for the variant 2 position.
The bilinear interpolation filter is selected according to the decimation variant.
Decimation
Variant 0
Variant 1
Variant 2a
Variant 2b
Variant 2c

Zero-order hold

Interpolation
Bilinear

MPEG

h0D [x] / hZI [x]
h1D [x] / hZI [x]
Z
h2a
D [x] / hI [x]
Z
h2b
D [x] / hI [x]
Z
h2c
D [x] / hI [x]

h0D [x] / hB0
I [x]
h0D [x] / hB1
I [x]
2a
hD [x] / hB2
I [x]
2b
hD [x] / hB2
I [x]
2c
B2
hD [x] / hI [x]

2a
hD [x] / hM
I [x]
2b
hD [x] / hM
I [x]
2c
M
hD [x] / hI [x]

MPEG interpolation: The MPEG document [LFH15] also defines the interpolation
filter to be used in combination with the decimation filter from (6.13), which is


0 0 0
0
0 0 0


 1 0 −9 −16 −9 0 1 


 2 0 −18 −32 −18 0 2 


 −8 0 72 128 72 0 −8 

1 


:=
(6.18)
hM
[x]
−27
0
243
432
243
0
−27

.
I

512 
−27 0 243 432 243 0 −27


 −8 0 72 128 72 0 −8 




 2 0 −18 −32 −18 0 2 
1 0 −9 −16 −9 0 1
The MPEG decimation filter (6.13) creates virtual locations according to variant 2.
Consequently, the interpolation filter (6.18) may also be used in combination with
the other variant 2 decimation filters defined in (6.11) and (6.12).
Note that all the decimation and interpolation filters considered in this thesis are separable
and may be applied successively in horizontal and vertical direction, or vice versa.
Experimental Evaluation
The performance of the previously introduced decimation and interpolation filters is evaluated in this section. All suitable combinations are tested, which means that a certain
interpolation filter is combined with all decimation filters that create the assumed virtual
location. Table 6.2 lists all reasonable combinations and the respective filter pairs. Note
that the MPEG interpolation filter assumes the virtual position according to Figure 6.5(c)
and is thus not applied for the decimation variants 0 and 1. Moreover, the specific filter
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for bilinear interpolation is depending on the virtual location and needs to be adapted to
the respective decimation variant.
The first pictures of all sequences from the screen content test set introduced in Chapter 5 are utilized for the evaluation of the different filter combinations. Each picture is
converted to the Y0 CbCr 4:2:0 domain and back. The quality of the reconstructed imD
ages is measured in terms of PSNRR0 G0 B0 in the R0 G0 B0 domain and by the ĒPCSE
in the
0
D
0
0
0
Y CbCr 4:4:4 domain. The average PSNRR G B and ĒPCSE values for the evaluated filter
combinations are depicted in Figure 6.6(a) and Figure 6.6(b), respectively. Note that a
D
higher quality in terms of PSNRR0 G0 B0 is desired, while the ĒPCSE
should be as small as
possible. It can be observed that the combination of the decimation filter h1D [x] (variant 1) and the interpolation filter hZI [x] (zero-order hold interpolation) outperforms all
other methods in terms of PSNRR0 G0 B0 , except variants 2b and 2c in combination with the
MPEG interpolation filter. However, this difference is less than 0.1 dB. Also regarding
D
the ĒPCSE
results, the combination of variant 1 decimation and zero-order hold interpolation is among the best approaches. Only the combinations “variant 2a/zero-order
hold”, “variant 2a/MPEG”, and “variant 2c/zero-order hold” are slightly superior. However, these combinations perform much worse than the combination “variant 1/zero-order
hold”. Consequently, it can be concluded that this combination achieves the best overall
performance and the computational complexity of this combination is also very low. Accordingly, the filters h1D [x] and hZI [x] are employed for the decimation and interpolation
steps within the chroma resolution conversion in the rest of this thesis.
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Figure 6.6: Comparison of the filter combinations listed in Table 6.2 in terms of
D
D
PSNRR0 G0 B0 (a) and ĒPCSE
(b); High PSNRR0 G0 B0 and small ĒPCSE
values are desired.
Average results for the first pictures of all sequences from the screen content test set
introduced in Chapter 5.

6.3. Conclusions

6.3

93

Conclusions

Image quality assessment is a very old but still ongoing research topic, and specific applications and artifact types may require dedicated metrics. This chapter focuses on the
quality assessment of screen content data, where an overview of state-of-the-art metrics
has been provided in Section 6.1. It was explained that existing metrics are not suitable
to adequately measure the considered chroma sub-sampling artifacts that appear in the
considered screen sharing applications. To overcome this problem, two variants of the dedicated PCSE metric to measure the perceived chroma sub-sampling artifacts have been
introduced in Section 6.2. It was shown that the PCSE is capable of modeling the MOS
results of subjective testing significantly better compared to conventional image quality
metrics.
Finally, a set of decimation and interpolation filters for the chroma resolution conversion process has been described and evaluated regarding the achieved fidelity of the
reconstructed images. As previously discussed, it is concluded from the experimental
results that a simple averaging decimation filter in combination with a zero-order hold
D
interpolation filter performs best if both the PSNRR0 G0 B0 and the ĒPCSE
results are jointly
considered. Moreover, this combination is the least computationally complex approach if
filtering is enabled.
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7 Enhancement Layer Coding for
Screen Content Chroma Format
Scalability
This chapter presents the proposed scalable system for improving the chroma fidelity of
a Y0 CbCr 4:2:0 sub-sampled BL. Especially the employed methods for compression of
the EL are elaborated in detail. In this thesis the scalability is restricted to two layers,
i.e., one BL and one EL. In general also multiple ELs are possible. However, instead of
using multiple ELs, the EL is designed to be adjustable to the available bit rate and to be
inherently scalable up to a certain extend, which will be explained in more detail during
the algorithmic description within this chapter. A U.S. patent application is pending for
parts of the algorithmic novelties that are contained in this chapter [HPGK18].
For BL compression in this chapter Google’s VP9 codec [Goo13, MBG+ 13] from the
WebM project is employed. The implementation contained in the so-called libvpx library
[Goo13] is used, which is operated with the command line settings - -end-usage=q - cq-level=QVP9 and - -good - -cpu-used=2, where QVP9 controls the quantization level.
More details about these settings can be found in Section 7.5.
In the following, the proposed system for scalable coding of screen content video data
in the Y0 CbCr format is described in Section 7.1, followed by an insight into inter layer
prediction for screen content in Section 7.2. The creation of the EL is explained in
Section 7.3 and detailed implementation aspects are provided in Section 7.4. Finally, the
experimental evaluation of the proposed coding system is provided in Section 7.5 and
conclusions are drawn in Section 7.6.

7.1

System Overview

The processing and transmission system for chroma format scalability is based on the
general state-of-the-art transmission system as depicted in Figure 2.1. The part of the
signal processing in the Y0 CbCr domain is depicted as a consolidated Y0 CbCr 4:4:4 coding
and transmission block in Figure 6.1. This chapter describes the content of this block in
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Figure 7.1: Block diagram of the chrominance resolution-scalable coding system based on
two layers.
detail, which is realized by the scalable coding system depicted in Figure 7.1. The bottom
path in this diagram depicts the BL path and the top path corresponds to the EL path.
The block diagram of the proposed scalable compression system follows the concept of
the scalable framework as shown in Figure 3.5. Furthermore, the EL encoder and decoder
now have additional access to the input signal u[x, t] and BL output signal ṽ[x, t] in the
Y0 CbCr 4:4:4 format.
For the detailed definitions of the different signals in Figure 7.1, please refer to Chapter 2. Again, the dependency on the discrete time index t is dropped in the textual
descriptions for reasons of comprehensibility, as long as only intra picture relationships
are considered. The time index t will be added again later when it is appropriate. For
convenience, the chrominance parts of u[x] and ṽ[x] are defined as
uC [x] := (uCB [x], uCR [x])

(7.1)

ṽC [x] := (ṽCB [x], ṽCR [x]).

(7.2)

and
Note that these signals are defined as row vectors here, also denoted as tuples in the
following, compared to the notation by column vectors in Chapter 2.
Including the EL path into the consideration, the EL encoder receives the signals u[x],
ǔ[x], and v̌[x] as input. To be precise, also ṽ[x] is used in the EL encoder. However,
ṽ[x] can be easily computed in the EL encoder by 4:2:0 to 4:4:4 conversion of v̌[x]. In the
case of zero-order hold up-sampling, this conversion can be simply described by a proper
quantization of x, i.e.,
ṽCB [x] = v̌CB [(x/2) · 2]

and

ṽCR [x] = v̌CR [(x/2) · 2].

(7.3)

As the quantization of x is already contained in (2.24) and (2.25), also the direct relationships
ṽCB [x] = v̌CB [x]
and
ṽCR [x] = v̌CR [x].
(7.4)
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can be employed when zero-order hold up-sampling is used.
On the receiver side, the ideal output of the EL decoder is the original signal u[x]
exhibiting coding BL artifacts but without chrominance sub-sampling artifacts, which
would be denoted as v[x]. However, this is not achievable in practice for two reasons:
First, it is not possible to strictly focus on the compensation of chrominance sub-sampling
artifacts in the EL, because the available BL signal ṽ[x] contains a mixture of both
chrominance sub-sampling and BL coding artifacts. In order to specifically tolerate BL
coding artifacts in the EL, the coded Y0 CbCr 4:4:4 signal exhibiting only coding artifacts
and no sub-sampling artifacts would be required to be known by the EL encoder. However,
as this is not available (and would anyway also exhibit different coding artifacts if it was
available), the EL will usually also compensate parts of the BL coding artifacts. Second,
also the compensation of chrominance sub-sampling artifacts is not necessarily lossless.
In fact, the proposed EL codec performs lossy compression. Even though the codec in
general allows for lossless compression, this is not desired as the bit rate of a lossless EL
will be very high when used in combination with a lossy BL. This imbalance will result in
a poor overall RD performance, which can already be inferred when looking at the results
presented in Section 7.5. Due to these reasons, the EL output signal is denoted as
v̂[x] := (v̂Y0 [x], v̂CB [x], v̂CR [x]),

(7.5)

which reflects the fact that there will be a difference between the actually obtained output
signal v̂[x] and the ideally desired output signal v[x] in general.

7.2

Inter Layer Prediction for Screen Content

As just described, the task of the EL is the creation of the signal v̂[x] that approximates
the original signal u[x]. However, compared to a simulcast approach, where the EL is
coded independently of the BL, scalable compression makes use of the concept called inter
layer prediction, which exploits the correlation between the already transmitted BL signal
and the desired EL output. Common scalable coding schemes like SHVC make use of the
BL picture (at the same time instance) as additional reference for block-based prediction,
as described in Section 3.2. If the BL block is selected for the prediction of the current
EL block, the ordinary process of hybrid coding takes place, consisting of computing the
prediction residual block followed by transform coding of the residual.
However, such an EL coding scheme is considered suboptimal for screen content data
due to its different properties, as explained in the following. Natural image data is often
considered to be sparse on a block basis in the frequency domain [CBW07], where the
content can often be approximated well using only a few dominant frequency coefficients,
as e.g. exploited in [SK10]. The remaining rather small coefficients can then be considered as unimportant details or noise. This sparsity of blocks in the frequency domain
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Figure 7.2: Comparison of the color palette size per 16×16 block between a natural image
(left) and a screen content image (right).
transforms to a non-sparse representation in the spatial domain, i.e., the presence of many
different colors per block. Even objects and areas of a certain color are mostly represented
using different shades of this specific color. Moreover, the presence of additive random
noise may distort actually single-colored image regions.
Compared to that, screen content can be considered to be sparse in the spatial domain
regarding the number of colors per block, i.e., the color palette in a block is typically quite
small. This is caused by the absence of additive noise and the property of many objects
on the screen being truly single-colored. This assumption is violated when it comes to
transitions between different colors. However, color transitions are mostly present at
object boundaries, and objects are often rectangular with straight edges, which means
that also colors of the actual transitions occur multiple times.
In order to support the preceding statements, the number of colors per block is evaluated for natural image content and screen content. The set of colors used in a block
is referred to as color palette, and the block domain, i.e., the set of spatial coordinates
per block, is denoted as B. The palette sizes of 16 × 16 blocks of the original signal u[x]
(x ∈ B) are analyzed. Using the signal uR0 G0 B0 [x] would yield the same results. A visualization of the relative frequency of occurrence of the various color palette sizes for a screen
content image compared to a natural image is provided in Figure 7.2. It can be observed
that the palette sizes for the natural image with the girl are rather uniformly distributed
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between 1 and 256, which is the maximum possible size for a block size of 16. There is
a small accumulation around the size of 20, which is caused by the smooth background.
However, compared to that, small or even very small palette sizes are dominant for the
screen content image. Relating this to EL coding for chroma sub-sampling artifact reduction, the high number of colors per block in the case of natural image content also leads
to chroma sub-sampling artifacts occurring for many pixels. This justifies the ordinary
EL approach, like in SHVC, of coding the complete difference blocks instead of focusing
on specific pixel colors or locations.
However, the situation is different for screen content. From the limited palette size per
block of the Y0 CbCr 4:4:4 input signal u[x] for screen content it follows that the number of
colors is still rather limited in the signal ũ[x] after chroma sub-sampling and up-sampling
back to the Y0 CbCr 4:4:4 domain. Moreover, the original colors u and the reconstructed
colors ũ are spatially linked. Let’s consider a 2 × 2 group of neighboring pixels in u[x]
that are aligned on the sampling grid such that 4:2:0 sub-sampling reduces the chroma
resolution of this 2 × 2, resulting in one remaining CB and one remaining CR sample.
For horizontal and vertical edges there will be many of those groups with identical colors,
leading also to the same combination of reconstructed colors at these pixel locations in
ũ[x]. Consequently, a combination of original colors u occurring multiple times within the
current block, and having the same alignment with respect to the chroma sub-sampling
grid, always produce the same combination of reconstructed colors ũ. Thus, a single piece
of EL information to correct the artifacts produced by this combination of original colors
can be used for all occurrences in the block. On the other hand, there are also large areas
exhibiting the same color in screen content data, where no chroma sub-sampling artifacts
occur. Thus, EL data is only required for a rather small subset of pixels.
To summarize, screen content image data exhibits the following properties:
• Small palette size per block
• Large single-colored areas
• Recurring neighborhoods of the same color combinations, leading to the same chroma
sub-sampling artifacts
From these properties it follows that using the complete residual block u[x] − ũ[x]
(x ∈ B) for artifact compensation contains a lot of redundancy in terms of the same
EL information for many pixels. Moreover, there are no artifacts to correct for the large
single-colored areas.
Based on these observations the following idea for efficient EL coding to compensate
for chroma sub-sampling artifacts arises: In order to exploit the just described properties,
the EL is assembled as a list of mappings from reconstructed colors ũ to original colors u,
where a specific mapping is in general applied to all pixels with a certain reconstructed
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Figure 7.3: Comparison of the number of mappings per 16 × 16 block between the natural
image (left) and the screen content image (right) from Figure 7.2.
color ũ. Thus, a single mapping is potentially applied multiple times per block and
there is no unnecessary EL data for repeating pixels suffering from the same chroma subsampling errors required. Consequently, instead of transmitting EL information for all
pixels or including redundant spatial coordinates, the information already contained in
the BL is exploited. An evaluation of the number of mappings per block for the natural
image and the screen content image from Figure 7.2 is depicted in Figure 7.3. A mapping
is not counted for this analysis if the source and the target color of the mapping are
identical, because no EL data needs to be transmitted for these cases. It could already
be expected from the palette sizes per block as shown in Figure 7.2, that the number of
different mappings will often be very high for the natural image. However, for the screen
content image, the histogram looks very similar to the respective histogram of the palette
size in the original image, as shown in Figure 7.2 (right). This means that the limited
number of colors in the palette of the original image, referred to as target colors, results
in an also limited number of colors in the reconstructed Y0 CbCr 4:4:4 image, referred to
as source colors. Most source colors seem to be mapped to only a very limited number
of target colors. Ideally, there is only one target color per source color, otherwise the
mapping is called ambiguous. The number of target colors per mapping is illustrated in
Figure 7.4. The figure confirms the assumption that most mappings possess only a few
target colors and more than 50% of the mappings are unambiguous.
Up to now, the fact that the reconstructed Y0 CbCr 4:4:4 signal is not only degraded by
chroma sub-sampling but also by compression of the BL codec has been ignored. Actually
the colors of the blocks from ṽ[x] instead of ũ[x] need to be considered as source colors for
the mappings. Due to the quantization in the frequency domain, lossy coding may reduce
the validity of the previously explained screen content properties like small palette sizes
and large single-colored areas. Consequently, it is important to analyze the effect of the
coding with respect to the motivated concept of inter layer prediction by means of color
mappings. Therefore, lossy coding of the screen content image is applied using the VP9
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Figure 7.4: Relative frequency of the number of target colors per 16 × 16 block for the
screen content image (right) from Figure 7.2.
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Figure 7.5: Comparison of the number of mappings and target colors per 16 × 16 block
for uncoded and coded source colors.

codec, adjusting the QVP9 setting to 30, which is roughly in the middle of the valid value
range of [0, 63]. A comparison of the already presented histograms based on uncoded data
and the respective histograms with coded data is depicted in Figure 7.5. As expected, the
number of mappings tends to be a little higher. More specifically, there are less blocks
with zero mappings corresponding to single-colored original blocks. Instead, especially
the number of blocks with one and two mappings increases. Regarding the number of
target colors, generally a higher number of targets per mapping is reached when coded
source colors are used. Nevertheless, from the rather small amount of mappings per block,
the clear majority of more than 40% is still unambiguous. Consequently, the proposed
scheme for inter layer prediction based on color mappings is considered to be well-suited for
compensation of the chroma sub-sampling artifacts by means of scalable coding. Further
details about the proposed EL coding procedure are explained in the following section.
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7.3

EL Creation

This section describes the actual creation of the EL for scalable coding with respect to
the chroma resolution. Based on the investigations of the previous section, the gained
insights are employed in order to extract and condense the relevant EL information.

7.3.1

Information Extraction

In order to reconstruct the original signal u[x] from the decoded BL signal ṽ[x], the
chroma components need to be corrected. As described in the previous section, the EL
is constructed as a list of mappings from the decoded and reconstructed BL colors in
ṽ[x] to their respective original chroma values uC [x], that are not underlying chroma
sub-sampling. For this purpose the chroma difference signal
dC [x] := uC [x] − ṽC [x]
= (uCB [x] − ṽCB [x], uCR [x] − ṽCR [x])
= (dCB [x], dCR [x])

x∈B

is defined. The set of all chroma differences in the current block is denoted as
[
D :=
dC [x].

(7.6)

(7.7)

x∈B

Moreover, the set of decoded colors in the current block
[
V :=
ṽ[x]

(7.8)

x∈B

is defined, which usually contains a smaller number of color tuples than pixels in the
block, i.e., |V| ≤ |B|. The set V can be interpreted as the color palette of the current
decoded block. In the following, the tuple dC [x] denotes the chroma information at a
specific spatial position x. If the coordinate x is not provided, dC denotes an element of
the set D. The same notation is used for the tuples ṽ.
With the mappings from the colors ṽ to dC , the number of Lookup table (LUT)
entries needed is |V|, where each LUT entry can point to one or multiple chrominance
differences dC ∈ D. The set of all occurring combinations of ṽ and dC in the current
block is described by
M := {(ṽ[x], dC [x]) | x ∈ B},

where |V| ≤ |M| ≤ |B|.

(7.9)

The set of mappings for a specific decoded color ṽ ∈ V is
Mṽ := {dC | (ṽ, dC ) ∈ M}

∀ ṽ ∈ V.

(7.10)
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Note that each set Mṽ may contain one or multiple tuples dC , i.e., |Mṽ | ≥ 1. Specifically,
|Mṽ | > 1 if not all pixels in B with the color ṽ are mapped to the same original color
uC , i.e., if multiple chrominance differences dC are required. In this case the original
colors are called constrained targets, because additional spatial information is necessary
to signal where each dC is to be applied. Otherwise, if |Mṽ | = 1, all pixels with the color
ṽ are mapped to the same original color, i.e., the same dC may be used. In this case the
original color is called unconstrained target.
Based on the introduced kind of mappings and the distinction between constrained
and unconstrained targets, the LUT for a specific block B may be constructed as follows:
• For all colors ṽ ∈ V where |Mṽ | = 1 (unconstrained), add the mapping
ṽ → dC
to the LUT.
• For all colors ṽ ∈ V where |Mṽ | > 1 (constrained), add the mapping
[
ṽ →
(dC , P ṽ,dC )
dC ∈Mṽ

to the LUT. The set P ṽ,dC contains those spatial coordinates x where the current
combination of ṽ and dC occurs, i.e., P ṽ,dC = {x | ṽ = ṽ[x] ∧ dC = dC [x]}.
The transmission of this LUT containing the two types of mappings and application of
these mappings at the decoder would result in the desired behavior of chroma reconstruction. However, it turns out that this kind of constrained mapping contains redundancy,
as the decoded color ṽ to address pixels is not required any more. The required spatial information is now contained in the set of coordinates P ṽ,dC . Thus, both mappings
are reversed such that the dC tuples serve as the keys for the mappings, leading to the
mappings
if |Mṽ | = 1

ṽ

∀ ṽ ∈ V.

dC
P ṽ,dC

(7.11)

if |Mṽ | > 1

The LUT is constructed by combining these mappings ∀ ṽ ∈ V, turning each LUT entry
into the form
[ṽ, . . .]
(7.12)

dC
S

P ṽ,dC .

For the practical implementation it should be noted that a LUT entry for a specific
dC may already exist when combining the mappings. It is thus crucial to track whether
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adding a new mapping may turn the color ṽ from an unconstrained to a constrained
target color. In this case the spatial coordinates are required again for all entries, even if
they were not required initially. Having combined all the mappings, the final step is to
exclude those mappings where dC = (0, 0). They do not need to be transmitted because
there is nothing to do for the decoder.

7.3.2

Compaction

The list of mappings for the reconstruction of chroma details that have been lost by the
chroma sub-sampling process, as described in the previous section, allows the lossless
reconstruction of the original chroma values. However, lossless chroma reconstruction is
not needed for the targeted screen sharing applications and is generally not useful as long
as the luma component is degraded by coding artifacts. Furthermore, only chroma subsampling artifacts should be removed by the EL, while BL coding artifacts may possibly
be tolerated. Tolerating coding errors in the EL compression scheme allows to save a
significant amount of bit rate and achieves a balanced bit distribution between BL and
EL bit stream. The following sections derive methods to reduce the size of the LUT while
taking care of the introduced error.
Quantization
A common approach for lossy compression is the application of quantization within the
processing scheme, as it is also performed in the hybrid coding scheme presented in Section 3.1. Its advantage is the adjustable quantization strength which allows to balance
between the tolerated quantization error and the resulting bit rate savings. Quantization
within this EL coded is introduced to meet the following goals:
• The number of source colors in the decoded signal ṽ[x] shall be reduced. This
is achieved by quantization of ṽ[x], which is then also required in the decoder in
order to find the corresponding quantized LUT entries. Note, however, that the
unquantized tuples ṽ are employed in the decoder for the application of the LUT
mappings, i.e., for adding the transmitted dC tuples. This can be interpreted as an
approach to invert the effect of the BL compression. Quantization in the frequency
domain in the BL encoder introduces smooth transitions in the pixel domain of the
BL output pictures, i.e., significantly increases the palette size. These transitions
can be reduced and replaced by single-colored areas similar as they are present in
the original screen content data by means of quantization of ṽ[x].
• Similar mappings should be summarized by reducing the mapping accuracy, implemented by quantizing the difference tuples dC .
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Figure 7.6: Comparison of different rounding control parameter values o for a constant
quantization step size QEL = 4.
For the quantization of the signals, a uniform quantizer with the same quantization
step size QEL is employed. This is individually computed for all elements of the respective
tuple. In general, the quantization of a certain scalar value a to its quantization level qa
is performed as


|a| + o
· sign(a),
(7.13)
qa =
QEL
with the floor operator b·c and the rounding control parameter o. The parameter o allows
to control the size of the quantization interval around zero, denoted as dead zone, and
simultaneously shifts the centers of the quantization intervals [WW05]. The quantized
element aq is reconstructed by
aq = qa · QEL .
(7.14)
A comparison of different choices of o is depicted in Figure 7.6. It can be observed
that the reconstructed values aq are multiples of QEL and independent of o. However,
decreasing values of o enlarge the dead zone around zero and shift the centers of the
quantization intervals towards larger absolute values of a, resulting in higher absolute
values of a being quantized to the same aq output. The case o = 0 represents the lower
limit of o, where the absolute values of a are always reduced by the quantization, i.e.,
|aq | ≤ |a| ∀ a.
According to [Ohm04], the usage of a quantization dead zone is especially useful when
zero values of aq reduce the rate in the subsequent transmission. This is the case for
the dC tuples, because they can be dropped if both components are quantized to zero.
Moreover, smaller values of the dC components, denoted as dCB and dCR , are much more
probable than larger values, as it is depicted in the histogram in Figure 7.7. Due to the
non-uniform probability distribution per quantization interval, the average quantization
error can be reduced by shifting the quantization intervals towards higher a values, so
that more high values of a and less low values of a are quantized to the same aq . A
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Figure 7.7: Histogram of both components of dC , dCB and dCR for the screen content
picture from Figure 7.2. The case where both components are equal to zero simultaneously,
i.e., dC = (0, 0), has been omitted. This would occur in the majority of cases, and means
that no chroma sub-sampling artifact is present.

combination of an enlarged dead zone and shifted quantization intervals to better fit the
underlying probability distribution is achieved by setting o < Q2EL [WW05]. Selecting an
exemplary quantization step size of QEL = 10 and rounding control parameters o = 5 and
o = 2 transforms the histogram from Figure 7.7 to the histograms depicted in Figure 7.8.
From the shape of the two relative histograms for o = 5 and o = 2 it can be observed
that the quantized dC components are shifted more towards zero for o = 2, which results
from the shifted quantization intervals. However, the relative frequency of zero is even
slightly smaller for o = 2. This is caused by the fact that tuples quantized to dC = (0, 0)
are omitted for the histogram to improve the visualization, as in Figure 7.7. The smaller
value of o leads to more dC tuples being quantized to (0, 0) and thus being not considered
in the histogram any more. However, the relative frequencies of dC tuples being quantized
to (0, 0) is provided in the captions of the subplots, and it increases from about 0.82 for
o = 5 to approximately 0.85 for o = 2.
In contrast to the dC tuples, the increased dead zone and the shifted centers of the
quantization intervals are not desired for the ṽ[x] signal. The probability distribution of
the ṽ components is completely dependent on the content, which may best be modeled
by a uniform distribution. Also, values quantized to zero do not lead to any rate decrease.
Thus, a quantization offset of o = Q2EL is selected for the quantization of ṽ[x], resulting
in ordinary uniform quantization with no extended size of the dead zone around zero and
no shifts of the quantization intervals.
The key question at this point is how to optimally choose the value of the parameter
o for the quantization of the dC tuples. First, there is not real optimal choice, because an

7.3. EL Creation

107

Relative frequency →

0.2

0.1

0
−60

−50

−40

−30

−20

−10

0

10

20

30

40

50

60

Quantized dC component dCB /dCR →
(a) o =

QEL
2

= 5; Relative frequency of quantized dC being (0, 0): 0.82

Relative frequency →

0.2

0.1

0
−60

−50

−40

−30

−20

−10

0

10

20

30

40

50

60

Quantized dC component dCB /dCR →
(b) o =

QEL
5

= 2; Relative frequency of quantized dC being (0, 0): 0.85

Figure 7.8: Histogram of both quantized components of dC for QEL = 10 and o = 5 in
(a) and o = 2 in (b); Other settings as in Figure 7.7.
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increasing value of o will increase both the quality and also the rate. A decreasing value
decreases both quality and rate. Consequently, the parameter may be selected according
to the rate available or the quality that is desired. Second, the quantization step size
QEL has the same effects on the rate and the quality. Accordingly, these two parameters
interact and should thus be jointly optimized. This is not part of this thesis any more
but considered as a highly interesting topic for further research. For the remainder of this
thesis the offset parameter for the quantization of the dC tuples is selected to be o = 0,
which turned out to be generally a good compromise between the produced quality and
rate.

Exclusion of BL Coding Artifacts from the EL
The previously introduced concept for the EL focuses on the reduction of chroma subsampling artifacts. The coding artifacts introduced by the lossy coding of the BL may be
tolerated and should not be compensated in order to save bit rate. It is possible to detect
pure coding artifacts for a certain pixel by comparing u to ũ. Only if those two differ,
the chroma sub-sampling actually introduced any error. Otherwise, a potential deviation
of ṽ from u is caused by the lossy BL compression. Consequently, a mapping should only
be added to the LUT if u and ũ differ.
In practice this exclusion of mappings becomes more complicated. Considering unconstrained mappings, the tuple dC maps all pixels with a specific color ṽ to their original
color u in the Y0 CbCr 4:4:4 color space. However, pixels may have different chroma subsampled and reconstructed colors ũ, i.e., ũ may be equal to u for some of the pixels,
indicating no chroma sub-sampling errors, but may differ for other pixels. Removing the
mapping for pixels without chroma sub-sampling error from the LUT turns the other pixels into constrained targets, i.e., the mapping may only be applied for a subset of pixels
with the color ṽ. Disregarding quantization, comparing uC to ũC is equivalent to comparing dC = uC − ṽC to the difference ũC − ṽC , because chroma sub-sampling artifacts
may not occur for the luma component. Even though this is not exactly true anymore if
dC and ũC − ṽC are quantized, this is assumed to be a reasonable approximation in order
to simplify the implementation. Thus, the mappings are excluded for all pixels where
the quantized dC tuple is equal to the quantized ũC − ṽC tuple. The fact that this may
produce constrained mappings, requiring additional spatial positions to be transmitted,
is tolerated in the current version of the implementation. This should be tackled in future
work, leading to a rate-distortion-optimal encoding of the EL.
Note that this approach can only spatially separate chroma sub-sampling artifacts
from BL coding artifacts, i.e., decide whether a specific pixel is added to the EL or not.
It is not capable of separating the two artifact types for a specific ṽ tuple on the value
level. Thus, the transmitted dC tuples contain corrections for both error types.

Rate [Mbps] →
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Figure 7.9: Evaluation of the EL rates for the sequences WordWriting_HD_30fps,
WordEditing2_4K_15fps, and Excel_4K_15fps from class Office. The VP9 quantization parameter QVP9 controls the BL quality. The BL rates are shown for reference.
An experimental validation of this approach is given by the comparison of the EL sizes
for different BL qualities. If the proposed method was able to separate the chroma subsampling artifacts from the BL coding artifacts, the size of the EL would be independent of
the BL quality, as the chroma sub-sampling errors are independent of the BL compression
in general. As already mentioned, a separation of the artifact types for the actual dC values
is not provided by this approach. Thus, the EL size is not expected to be completely
independent of the BL quality.
The EL sizes for different BL quality levels for three different sequences from the data
set introduced in Chapter 5 are illustrated in Fig. 7.9. For BL coding the VP9 codec
is employed with QVP9 = {20, 30, 40, 50, 60}. The EL is quantized using a step size of
QEL = 10. It can be observed that the assumption of a constant EL size, even though not
expected to be perfectly constant, actually holds perfectly in Figure 7.9(a) and also very
well for Figure 7.9(b). However, for certain sequences it seems not possible to separate the
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error types, resulting in an increased EL size in the case of a low quality BL, as depicted
in Figure 7.9(c).

7.3.3

Inter Picture Prediction

Temporal LUT Prediction
Exploiting the color from BL pixels ṽ in order to save spatial information in the LUT
means that information from the BL is used to predict the EL, which is called inter
layer prediction. This kind of prediction is common in scalable video compression and
usually applied in addition to other types of prediction, like intra picture and inter picture
prediction (cf. Section 3.1).
Yet, inter picture prediction may also be employed for EL coding by means of temporal
prediction of the LUT. For inter picture prediction, it is obligatory to buffer pictures that
shall serve as references in a so-called reference picture buffer. In the described EL
codec this is kept rather simple by storing only one reference frame, namely the directly
preceding frame in coding order. Note that the term reference frame refers to the collection
of all LUTs from this frame, i.e., one LUT per block. The reference picture buffer should
thus more precisely be denoted as reference LUT buffer in this case.
Conventional inter picture prediction usually involves motion estimation and motion
compensation in order to compensate for moving parts of the video sequence (cf. Chapter 3). However, these techniques are not applied here as it is generally not useful to apply
a LUT created for a different spatial location in the block raster, as the ṽ key tuples and
especially the spatial locations would significantly change. Only translation by multiples
of the block size in both directions would generally allow a useful prediction, which is
however very unlikely. Consequently, the temporal LUT prediction becomes very simple:
The current LUT is compared to the spatially corresponding LUT of the previous frame.
The current LUT is transmitted in the EL bit stream if the two LUTs are not equal. If
the LUTs are equal, no LUT needs to be transmitted, which is referred to as Temporal
LUT Prediction (TLP).
Improved Block Copy
The previously described temporal LUT prediction leads to significant bit rate reductions,
as the very high temporal correlation of screen content sequences may be exploited. This
property of high temporal correlation may be further utilized to save not only bit rate
but also computational complexity, both in the EL encoder and decoder.
The basis for the speed-ups is the fact that a LUT change over time is only possible if
the underlying decoded and reconstructed block ṽ[x, t] changed from the previous picture
at time t = t−1 to the current point in time t = t0 . One may argue that the LUT may
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also change if the original block u[x, t] changes from one picture to another while ṽ[x, t]
does not change. However, a change in u[x, t] almost always leads to a change in ṽ[x, t].
Assuming that this prerequisite is fulfilled, two equal ṽ[x, t] blocks for t = t−1 and t = t0
will always lead to identical LUTs. If this prerequisite was not fulfilled, a change in u[x, t]
leading to no change of ṽ[x, t] is necessarily very small and thus negligible. Thus, the
LUT creation may be skipped if the two underlying ṽ[x, t] blocks are equal. Such a simple
block comparison can be implemented with very little additional overhead.
For the scalable system implementation this means that the current LUT has to be
computed in the encoder only if there is a change in the ṽ[x, t] blocks. Otherwise, both
LUTs are equal and the previous LUT is copied to the current reference LUT buffer. The
LUT is not encoded into the EL bit stream, however. Moreover, it is also not necessary
to signal the equality in the bit stream, as the decoder can perform the same check as the
encoder, i.e., test whether the previous and the current ṽ[x, t] blocks are equal. When the
decoder detects this equality, the previous improved block v̂[x, t] is directly copied to the
current picture, which is referred to as Improved Block Copy (IBC). Also, the previous
LUT is copied to the current reference LUT buffer to be available as a predictor for the
subsequent frame.
As already stated, this procedure leads to exactly the same RD performance of the EL
codec, but potentially allows high speed-ups of both the encoder and the decoder. The
speed-up in the encoder is achieved by the saved LUT creations. The decoder acceleration
results from the direct copy of the improved block instead of the application of the LUT.
Combination of TLP and IBC
While the IBC covers the case that two equal blocks ṽ[x, t0 ] and ṽ[x, t−1 ] will also lead
to identical LUTs, it may happen that the LUTs are identical even though the underlying
blocks differ. This is considered by checking the equality of the blocks first. If they differ,
the LUT for the current block is created in the encoder and it is tested whether the LUTs
are equal and the current LUT can be predicted using the previous LUT. Note that this
LUT equality and thus the possibility for temporal LUT prediction can not be inferred
by the decoder and needs to be transmitted in the bit stream using a so-called TLP flag.

7.4

Implementation of the EL Transmission

Up to now it has been explained how the information that shall be transmitted in the EL
is extracted from the u[x] block and the ṽ[x] block and condensed by omitting irrelevant
information afterwards. The next task of the EL codec is to efficiently transmit the
remaining collection of information by coding it to a bit stream. Based on the previous
descriptions, the EL consists of the following elements:
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• LUT with individual entries; each entry consisting of . . .
– dC tuple
– list of ṽ tuples
– indices contained in P ṽ,dC
• TLP flag
The end of a LUT is implicitly signaled by transmitting dC = (0, 0) with no further ṽ
tuples and indices. Further details on coding of these individual elements is provided in
the description of the entropy coding in Section 7.4.2.
In the next sections, an overview of the decoder structure is presented first, followed by
a detailed description of the bit stream syntax and the employed entropy coding schemes.
This is similar to the standardization of video codecs like HEVC [ITU13]. Based on the
definitions of the bit stream and the decoder, it is possible to construct a conforming
encoder. Even though the variability of possible encoders constructing valid bit streams
is not very high here compared to codecs like HEVC, small differences in the encoder
decisions can lead to slightly different RD performance results.

7.4.1

Decoder Structure

The decoding procedure of the EL is identical for each block of the picture. Based on
the just introduced elements of the EL, namely the LUT itself and the TLP flag, the EL
decoding procedure per block is described by the block diagram in Figure 7.10. First,
the LUT for this block is decoded by successively decoding its individual entries. The
decoding of a dC tuple is followed by the associated ṽ tuples and the set P ṽ,dC afterwards.
The LUT decoding is terminated as soon as dC = (0, 0) is decoded, which signals the end
of the LUT. Subsequently, it is checked whether IBC is possible by comparing the current
block ṽ[x, t0 ] to the previous block ṽ[x, t−1 ]. If they are identical, IBC is possible and
the previously improved block v̂[x, t−1 ] is copied to the current improved picture v̂[x, t0 ].
Otherwise, a LUT for the improvement needs to be applied and the TLP flag is decoded,
which signals whether the LUT from the previous picture may be reused or not. If the TLP
flag is set, the current improved block v̂[x, t0 ] is computed based on the corresponding
previous LUT, denoted as LUT−1 . Otherwise, the currently decoded LUT0 is employed.
The initial decoding of the LUT, even if it is not necessarily needed, may seem unreasonable. In fact, with the EL coding scheme described so far, signaling an empty LUT
using dC = (0, 0) is not required if IBC or TLP is possible. However, the coding scheme
will be extended in Section 7.4.3 to support the incremental transmission of LUTs, where
blocks using IBC or TLP may be further improved by potentially newly arriving LUT
entries. This is not contained in Figure 7.10 but will be added later.
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Figure 7.10: Block diagram of the EL decoding procedure per block.

7.4.2

Entropy Coding

A coarse description of how the EL information is coded into the bit stream has already
been provided in the previous section. A more detailed explanation is given now. Starting
with the TLP flag, one bit is encoded and entropy coding is applied, as explained in
the second part Binarization and Bit Stream Coding of this section, to achieve that on
average less than one bit is occupied in the bit stream. More sophisticated signaling could
be applied here, like combining multiple blocks.
The main part of the EL information that needs to be efficiently compressed is the
LUT itself. As already stated, the end of the LUT is signaled by coding dC = (0, 0), and
the length is not explicitly written to the bit stream. Thus, the single LUT entries are
first coded one after another.
A useful tool for the specification of video coding standards is the usage of so-called
syntax tables. Starting with values that are directly read from the bit stream, representing
the so-called syntax elements, syntax tables provide the information how a specific syntax
element needs to be decoded and describe how the various syntax elements are assembled
to higher level variables that are used to reconstruct the video sequence. More information
about syntax tables can, e.g., be found in [Wie15] or in the HEVC specification [ITU13].
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Table 7.1: Relation of syntax table variables to LUT entry elements.
Variable in syntax table

Relation to LUT entry element

num_source_colors
SourceColors
num_indices
Indices

Length of the list [ṽ, . . .]
[ṽ, . . .]
S
Number of indices in united set P ṽ,dC
S
P ṽ,dC

Here, syntax tables are used to specify how the different parts of a LUT entry are
reconstructed from the syntax elements. This describes the required decoder behavior. In
order to explain why specific kinds of decompositions and coding approaches are efficient,
it is required to look at the encoder side. Thus, the construction of the LUT from the
bit stream is explained using syntax tables in the first part Decomposition into Syntax
Elements of this section. Additionally, reasoning and details of the decomposition into
syntax elements is provided. The actual approaches used for entropy coding of the syntax
elements are described in the second part Binarization and Bit Stream Coding of this
section.
Decomposition into Syntax Elements
Recalling the structure of an individual LUT entry from (7.12), it consists of the three
parts
• chroma difference dC = (dCB , dCR ),
• list of decoded pixel values for unconstrained targets [ṽ, . . .],
• union of sets with indices for constrained targets

S

P ṽ,dC .

For the subsequent representation in syntax tables the variables defined in Table 7.1 are
used. The variables num_source_colors and num_indices are syntax elements directly.
Also dCB and dCR are syntax elements. In contrast, SourceColors and Indices are higherlevel variables that are constructed from syntax elements using rules that are provided
in the syntax tables. Note that the notation and typesetting of syntax elements and
the syntax tables slightly differs from the conventions used, e.g., for the HEVC standard
[ITU13, Wie15] in order to avoid duplicate definitions of variables.
The encoding of the LUT into the bit stream is provided by the syntax table in
Table 7.2. The following definitions apply:
• A syntax element in green font signals that it is read from the bit stream in that
line.
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Table 7.2: Syntax table for the LUT structure.
Syntax

Comment

lut(ṽ[x]) {
1

endOfLut = false

2

LUT = [ ]

3

while(endOfLut == false) {

4

dCB

Bit stream reading

5

dCR

Bit stream reading

6

dC = (dCB , dCR )

7

if(dC == (0, 0)) {

8

endOfLut = true

9

} else {

10

num_source_colors

11

source_colors(num_source_colors, ṽ[x])

12

num_indices

13

indices(num_indices)

14

LUT[dC ] = (SourceColors, Indices)

15

}

16

}
}

Bit stream reading
Bit stream reading
LUT at key dC points to tuple
of list SourceColors (defined in
function “source_colors”) and
set Indices (defined in function
“indices”).
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Table 7.3: Syntax table for the list of source colors [ṽ, . . .] (SourceColors).
Syntax

Comment

source_colors(num_source_colors, ṽ[x]) {
1

SourceColors = [num_source_colors]

2

codebook(ṽ[x])

3

for(i=0; i<num_source_colors; i++) {

4

code

5

SourceColors[i] = Codebook[code]

6

Init array

Bit stream reading

}
}

• An orange font is used to represent function names.
The functions employed in Table 7.2 are presented in Table 7.3 to Table 7.5. Table 7.2 lists
the functionality of the function “lut”, which constructs the LUT in line 14. The variable
“SourceColors” is a list and is created in the function “source_colors”. Moreover, “Indices”
is a set and originates from the function “indices”. Decoding of the LUT starts by setting
the endOfLut flag to false and initializing the LUT data structure. Subsequently, the
syntax elements dCB and dCR are read from the bit stream and combined to the dC tuple.
If dC is equal to (0, 0), the end of the LUT is reached. Otherwise, num_source_colors
and num_indices are read and the functions source_colors and indices are invoked, as
presented in Table 7.3 and Table 7.5. The variables SourceColors and Indices are created
within these functions and are finally added to the LUT.
The function source_colors creates the list of colors [ṽ, . . .], i.e., the unconstrained
target colors of the LUT. It is defined by the syntax table in Table 7.3. The first step of this
function is the initialization of the SourceColors array to num_source_colors elements.
Afterwards, the variable Codebook is created by means of the function codebook according
to Table 7.4. The purpose of this codebook is the following: Assuming eight bits per
sample value, coding the colors ṽ directly would require 24 bits per color tuple. Exploiting
statistical properties is difficult and does hardly allow to use less bits on average, because
all colors are basically equally probable. Learning the color distribution from already
coded samples is difficult due to sudden color changes occurring especially for screen
content. Compared to that, a pleasant property of screen content data is the limited
amount of colors per block, i.e., the relatively small palette size. Consequently, the color
palette of a block is significantly smaller than the number of possible colors using 24 bits
per sample. Thus, a codebook in the form of a color palette is created and a specific
color ṽ from the current block is referenced by its code assigned in the codebook, i.e.,
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Table 7.4: Syntax table for creating the Codebook needed in source_colors.
Syntax

Comment

codebook(ṽ[x]) {
1

Codebook = [ ]

Init empty array

2

for(x ∈ B) {

In raster scan order

3

ṽ = ṽ[x]

4

if(!find(Codebook,ṽ[x]) {

5

Codebook.append(ṽ[x])

6

find: Returns false if ṽ[x] is not contained in array Codebook
Append ṽ[x] to array

}

7

}

8

numColors = length(Codebook)

length: Returns length of array

9

BitsPerWord = ceil(log2(numColors))

ceil: Returns smallest integer greater
than or equal to argument
log2: Returns the base 2 logarithm of
argument

}
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its palette index. The formal creation of this codebook by the function “codebook” is
described in Table 7.4, which produces the variables Codebook and BitsPerWord. The
codewords assigned to the different colors in the current block are numbers in the order
of occurrence of the specific color in raster scan order. Their representation as unsigned
integers requires the number of bits given by the variable “BitsPerWord”. At this point,
by using the same code word length, all colors are implicitly assumed to be equally
probable. Future work may consider the likelihood of the individual colors by counting
their frequency of occurrence and applying variable length coding. With the codebook
generated, the remaining tasks of the function “source_colors” are to read the syntax
element “code” for each color of the list and translate the codeword back to the actual
color tuple by means of the codebook.
The function “indices” is detailed in Table 7.5. With the previously selected block size
of 16 × 16, the possible value range of a one-dimensional index from the set is [0, 255].
Without considering any statistical properties of the individual indices in “Indices” it is
equivalent to use either 8 bits for coding an index from this value range or to use two times
4 bits for the row and column coordinates. The statistical properties reveal, however, that
finding an efficient bit stream representation is very difficult, since the values of the indices
are approximately equally distributed in [0, 255]. Also considering the difference between
the current and the previous index of the sorted set is hardly beneficial. In contrast, a
slight clustering can be observed when considering the differences of the row and column
coordinates between the current and the previous index. In Table 7.5 the previous row
coordinate is denoted by prev_row and the previous column coordinate by prev_col. The
tuple of row and column increments is
incr = (row − prev_row, col − prev_col) = (row_incr, col_incr).

(7.15)

An exemplary histogram visualizing the relative distribution of incr is depicted in Figure 7.11. It can be observed that the majority of row_incr/col_incr combinations occurs
with very low frequencies. Moreover, it turns out that incr = (0, 1) and incr = (1, 0) are
more probable than all other combinations. This insight is not limited to this example but
generally true. This is reasonable, because it means that subsequent spatial coordinates
tend to described vertical and horizontal edges. These kind of edges occur frequently
in screen content data, as can be observed in the screen content data set presented in
Chapter 5. The probability of incr = (0, 1) is determined to be 21.3% in this example
and that of incr = (1, 0) is 10.1%. The total probability of these two cases is thus 31.4%.
The proposed coding scheme for the row and column increment pairs is as follows:
Spend one bit, denoted as b0, to signal whether incr is equal to (1, 0) or (0, 1). The
probability that this is true and b0 is thus one is 31.4%. Otherwise, b0 is set to zero
with a probability of 68.6%. If b0 is equal to one, one bit is used to distinguish between
incr = (0, 1) and incr = (1, 0). Otherwise (b0 is equal to zero), eight bits are used to
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Table 7.5: Syntax table for the set of indices
Syntax

S

P ṽ,dC (Indices).

Comment

indices(num_indices) {
1

Indices = set()

2

prev_row = 0

3

prev_col = 0

4

for(i=0; i<num_indices; i++) {

5

b0

6

if(b0 == 1) {

Init as empty set

Bit stream reading

7

b1

Bit stream reading

8

if(b1 == 0) {
incr = (0, 1)

9
10

} else {
incr = (1, 0)

11
12

}

13

row = prev_row + incr[0]

14

col = prev_col + incr[1]

15

idx = row*Blocksize + col

Blocksize: selected to be 16

16

} else {

17

idx

18

row = floor(idx / Blocksize)

floor: Returns largest integer less than or
equal to argument

19

col = idx % Blocksize

%: modulo operator

20

}

21

Indices.add(idx)

22

prev_row = row

23

prev_col = col

24

}
}

Add idx to set
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Figure 7.11: Joint histogram showing the relative frequency of occurrence of incr =
(row_incr, col_incr).
encode the one dimensional index directly, which is calculated from row and col as shown
in line 15 of Table 7.5. Also row_incr and col_incr using four bits for each could be
encoded. However col_incr may also become negative, which makes it simpler to stick
to the index or row and column, that stay positive. This coding scheme leads to an
average codeword length of 0.314 · 2 + 0.686 · 9 ≈ 6.8, which is shorter than using eight
bits or two times four bits to encode the one-dimensional index or the row and column
indices directly. From a theoretical point of view, this kind of coding can be considered
as a quite trivial case of variable length coding with an escape code [Ohm04]. Only two
variable-length codewords are assigned, one for incr = (0, 1) and one for incr = (1, 0).
Accidentally, these have the same length of two bits. The probability of all other possible
incr tuples is much lower. Therefore, the escape codeword of b0 being zero is used and
the index is coded using a fixed-length code suffix of eight bits.
Returning to the syntax table for decoding the set Indices in Table 7.5, the just
described coding scheme is listed there. With the number of indices to decode being
provided, for each index first the bit b0 is read and it is checked whether incr = (0, 1) or
incr = (1, 0), which are distinguished using b1. If b0 is zero, the index is directly decoded
using eight bits. Finally, the decoded index is added to the set Index.
Binarization and Bit Stream Coding
The previous description of decomposing a LUT entry leads to the following list of syntax
elements for the three parts of the LUT dC , SourceColors, and Indices:
• dC : dCB , dCR
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• SourceColors: num_source_colors, “code” for each color
• Indices: num_indices, for each index either b0 and b1, or “idx” directly
Moreover, there is the syntax element TLP_flag for signaling whether TLP is possible or
not. All of these syntax elements shall be encoded to and decoded from the bit stream
using an arithmetic coding engine, as described in Section 3.3. Therefore, binary representations of all syntax elements are required. The syntax elements b0 and b1 are already
binary. All other elements need to be binarized before being encoded, and the binarization needs to be inverted during decoding. Important factors when building the EL codec
were clarity and reusability of the employed schemes and their implementations. Thus,
the combination of a TR prefix and an EG suffix of order k as introduced in Section 3.3.1
is applied where it fits. The flexibility of this adaptive code being adjustable to varying
source statistics by the parameter k allows to efficiently reuse it for different syntax elements. In particular, as TR/EG coding is optimal for geometrically distributed sources
[SJN+ 12], it can be applied to all syntax elements or components of syntax elements that
can be modeled by this kind of distribution.
It turned out that TR/EG coding is directly applicable for the syntax elements
num_source_colors and num_indices. Smaller values are generally more probable than
larger values for both of them. While the exact distributions are depending on many parameters like the coded content itself or the quantization step size, the TR/EG binarization scheme is able to learn this by automatically adapting the parameter k as described in
Section 3.3.1. The probability density functions of dCB and dCR can not directly be modeled by a geometric distribution, because they are two-sided symmetrical distributions.
Thus, the values of dCB and dCR are split into the three parts abs_value_greater0_flag,
sign, and abs_value_remaining for their binarization, as explained in Section 3.3.1. Subsequently, independent TR/EG coding is applied for each of the abs_value_remaining
parts, i.e., the employed parameters k are updated independently.
The two remaining syntax elements are code and idx. No further entropy coding has
been applied for those. Instead, their values are interpreted as unsigned integers and
coded using the required numbers of bits directly, which is BitsPerWords (cf. Table 7.4)
for code and eight bits for idx. The syntax elements and their respective binarization
schemes are summarized in the two left columns of Table 7.6.
Subsequently, all the binary symbols are encoded using arithmetic coding. Note that
arithmetic coding is only able to code a reduced number of bits compared to the number
of input bits if probability models are used, as explained in Section 3.3. On the other
hand, probability models are only useful if the actual probability distribution is different
from a uniform distribution. Consequently, probability models are applied for selected
symbols where it is found to be appropriate. However, the usage of probability models is
optional and can be switched off in the created EL codec software. This may be useful if
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Table 7.6: Summary of binarization and probability modeling techniques applied for the
different syntax elements.
Syntax element

Binarization

dCB

One bit for
abs_value_greater0_flag; If
true, one bit for sign and
TR/EG for
abs_value_remaining
dCR
One bit for
abs_value_greater0_flag; If
true, one bit for sign and
TR/EG for
abs_value_remaining
num_source_colors TR/EG

code
num_indices
b0
b1
idx
TLP_flag

Unsigned integer using
BitsPerWord bits
TR/EG
Unsigned integer using 8 bits
-

Probability Modeling
One model for
abs_value_greater0_flag

One model for
abs_value_greater0_flag
(same as for dCB )

One model for separated
abs_value_greater0_flag;
TR/EG is then applied to
abs_value_remaining
One model
One model
One model
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it is required to count the number of used bits during the encoding procedure, which is
needed for the rate control algorithm as explained in the subsequent section.
In total, five probability models are used. One model is shared for the abs_value_
greater0_flag of dCB and abs_value_greater0_flag of dCR . Another model is employed
for the num_source_colors syntax element. If the model shall be used, the value of
num_source_colors is split into the parts abs_value_greater0_flag and the abs_value_
remaining. No sign is needed here, as num_source_colors can not be negative anyway.
The model is then applied to the abs_value_greater0_flag. If the usage of probability
models is disabled, num_source_colors is not split but TR/EG binarization is performed
directly. Furthermore, one model is employed for the bit b0 and one model for the bit
b1. Eventually, also the TLP_flag is encoded using a probability model. An overview
of the probability model usage is given in the right column of Table 7.6. Note that the
introduction of additional models may lead to further coding efficiency improvements.
This may be investigated in future research.

7.4.3

Rate Control in the Encoder

With the EL coding framework introduced up to now it is possible to influence the total
EL rate by adjusting the QEL parameter. However, this does not allow to control the
rate distribution over time, i.e., the rate per picture. Moreover, it is also desired to
adjust the rate allocation within a picture in order to focus on areas where more severe
chroma sub-sampling artifacts occur compared to other regions. In practice the lack of
rate control causes problems in applications where a low-delay transmission of the screen
content data is required, like for screen sharing over a network. The difficulty actually
already starts with the rate produced by the BL encoder. While the first coded picture
is required to be intra coded only (denoted as keyframe), these type of pictures typically
require significantly more rate compared to inter coded pictures. Thus, keyframes are
avoided after the first picture has been coded. An example of the BL rate distribution
is shown in Figure 7.12 for 20 frames of the WordTable_HD_30fps sequence from class
Office. The BL rate in kilobytes (kB) is plotted for the different frames. The frames are
indexed by the so-called Picture Order Count (POC). As already stated, the most rate by
far is required for the first picture, whereas only very little information needs to be coded
for the subsequent pictures. Considering the transmission over a limited channel where a
low delay should be achieved, the bottleneck is the transmission of the keyframe at the
beginning. Producing additional EL data should be avoided for this picture. Also for
non-keyframes exhibiting a high BL rate, no EL should be created. In this thesis the rate
control of the BL encoder is untouched. This is beyond the scope of this work. For scalable
coding this would not only be limited to rate control of the BL but actually include a
joint rate control of both layers, which is yet hardly explored and still an open research
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Figure 7.12: Example of the BL rate per picture.

topic. Therefore, only a rate control mechanism for the EL encoder is implemented in
this thesis which is required to
a) assign the rate for an EL picture depending on the current BL rate and the available
total transmission rate,
b) keep track of the rate distribution over time to compensate BL rate overshoots by
saving EL rate.

Picture-Level Rate Control
The proposed rate distribution on picture level is implemented based on a total rate per
picture for the sum of BL and EL that is assigned to the variable “TargetRatePerPic”.
Moreover, the current available rate for the EL is stored in the variable “RateBalance”. The
picture-level rate control algorithm for the EL can then be summarized by the algorithmic
description in Algorithm 1, where the function “readBlRate(POC)” returns the BL rate
of the picture with index POC, “max(a, b)” returns the maximum of a and b, and “clip(a,
b, c)” clips a to the range [b, c]. The variable “CurrElPicRate” represents the potential
rate available for the current EL picture if only the current time instant is considered,
i.e., the globally defined TargetRatePerPic and the current BL rate stored in “BlPicRate”.
However, the currently available EL rate assigned to “ElPicRate” may be smaller than
CurrElPicRate if too much rate has been consumed in preceding BL pictures. This history
is accumulated in RateBalance, which is then assigned to ElPicRate. On the other hand
it is also possible that RateBalance is greater than CurrElPicRate if only little rate has
been consumed by the previous pictures. Then the actually available rate for the current
EL picture denoted as ElPicRate is limited by the CurrElPicRate. The rate ElPicRate
allocated to the current EL picture is then distributed to the individual blocks of the EL
as explained in the subsequent section.
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input: TargetRatePerPic
RateBalance = 0;
for each POC do
RateBalance += TargetRatePerPic; // Add rate budget for this picture
BlPicRate = readBlRate(POC );
// Get BL rate for this picture
RateBalance -= BlPicRate;
// Subtract already consumed BL rate
// Compute EL bits based on current picture only:
CurrElPicRate = max(0, TargetRatePerPic - BlPicRate);
// RateBalance may be < 0 or > CurrElPicRate here
// ⇒ Clip RateBalance to range [0, CurrElPicRate]:
ElPicRate = clip(RateBalance, 0, CurrElPicRate);
// Now code this EL picture using ElPicRate
...
RateBalance -= UsedElPicRate;
end

// Subtract actual rate used for EL

Algorithm 1: Picture-Level Rate Control.

Intra Picture Rate Control
Based on the just determined ElPicRate for the current picture the next step is to distribute this rate to the individual blocks within the current picture. In combination with
the limited rate per picture, this distribution can be interpreted as a prioritization of
certain parts of the image, if the ElPicRate is lower than the rate required to code the
complete EL. It needs to be decided where more rate should be spent and for what regions
of the image rate may be saved. This distribution is implemented based on the PCSE
D
metric that has been introduced in Section 6.2. In particular, the ĒPCSE
is evaluated for
D
each block of the picture. In the following the term PCSE always refers to the ĒPCSE
, i.e.,
these two are used interchangeably to simplify the notation. An example picture from the
LMI_CAD sequence from class Misc and the respective PCSEs per block are depicted
in Figure 7.13. High PCSE values occur in the area of the thin lines, where also a higher
visual artifact level is expected. Blocks exhibiting a high PCSE, i.e., a high error level,
get more rate assigned than blocks with a low PCSE. The exact intra picture rate distribution is specified in Algorithm 2. First, all blocks are checked whether the transmission
of the TLP_flag is necessary. This is mandatory and cannot be omitted. Thus, one
bit per required TLP_flag is added to the counter variable “BitsTLP”. Subsequently, the
required number of bits for signaling the TLP_flag data is subtracted from the originally
allocated rate for this picture. At this point it is important to state that counting the
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input: ElPicRate
// Rate allocation to blocks with TLP_flag:
BitsTLP = 0;
for each block do
if not IBC then
// One bit for TLP_flag required here
BitsTLP += 1;
end
end
RemainingBitBudget = ElPicRate - BitsTLP;
// Compute PCSE per block:
PCSE = [ ];
for each block do
PCSE[BlockIdx] = computePCSE();
end
// Encode all blocks considering rate per block assigned according to
PCSE and rate undershoots of previous blocks
BitBalance = 0;
// To compensate for unused rate for previous blocks
for each block do
AssignedBlockBits = PCSE[BlockIdx] · RemainingBitBudget / sum(PCSE);
TotalBitsAvailable = AssignedBlockBits + BitBalance;
CodedBits = encodeBlock(TotalBitsAvailable);
BitBalance += AssignedBlockBits - CodedBits;
end
Algorithm 2: Intra Picture Rate Control.

7.4. Implementation of the EL Transmission

127

0.6

0.4

0.2

0
Figure 7.13: Example picture from the LMI_CAD sequence from class Misc (left) and
D
the corresponding ĒPCSE
per 16 × 16 block (right).
number of bits here is only accurate if no probability model is applied for the TLP_flag.
Otherwise, less bits than the number of occurring TLP_flag syntax elements are coded.
This problem of not being able to count the number of used bits when probability models
are used also occurs for the other bins with probability models. Consequently, probability
models are generally disabled if the EL rate control algorithm is enabled.
After the PCSE computation per block in Algorithm 2, an additional variable “BitBalance” is introduced. This is used to track the rate actually used for the current block,
which is generally less or equal to the allocated rate. If less rate is required, the unused
rate should be assigned to future blocks. In principal it is also possible that too much
rate is needed for the current block if the BitsTLP is already too high. However, this
only happens if a very low EL rate is assigned. For each block the allocated rate based
on the PCSE is computed and assigned to the variable “AssignedBlockBits”. This rate is
subsequently corrected by the current BitBalance, which usually adds previously unused
rate. The actual encoding of all the syntax elements for the current block follows in the
function “encodeBlock”, where the argument “TotalBitsAvailable” specifies the number
of bits that may be used. The function returns the number of actually encoded bits in
“CodedBits”. Again, this requires the ability to count the number of coded bits, which
is not possible if probability models are activated. Finally, the BitBalance is updated by
the difference of the assigned number of bits for this block and the actually used number
of bits.
The function “encodeBlock” first encodes all the mandatory information, i.e., the
TLP_flags. Afterwards the LUT entries are coded one after another, where the bits
per LUT entry are counted and the encoding is stopped as soon as the accumulated rate
for all previous LUT entries and the current LUT entry exceeds the rate given by TotalBitsAvailable. In the latter case, the current LUT entry is not encoded any more. Instead,
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the encoder keeps track of the already coded entries and uncoded LUT entries are coded
in the next frame, if the LUT did not change.
When encoding one LUT entry after another, it is wise to encode more “important”
entries first, as the rate may not be sufficient for all the entries. The importance of a
specific LUT entry is determined by computing the sum of absolute components of the
dC tuples, i.e., |dCB | + |dCR |. This serves as an approximation of this entry’s influence and
the resulting effect is related to dead zone quantization. While the value of QEL is equal
for all entries, those entries with a large sum of their absolute components of dC tuples are
considered more important and prioritized. If the bit rate is not sufficient, unimportant
entries are not coded, which is comparable to adaptively increasing the quantization dead
zone and quantizing them to zero.

7.4.4

Static Block Improvement

With the described EL codec all blocks of the coded video sequence are considered by the
EL and potentially improved. However, in the practical application of screen sharing the
chroma fidelity of moving content is not important and EL processing and transmission
can be skipped for these parts. In order to incorporate this, the EL encoder is extended
by a change detection of the current block, i.e., it is tested whether the current block
u[x, t0 ] (x ∈ B) is equal to the block at the same spatial position within the previous
picture u[x, t−1 ]. If this is the case, the current block is categorized as static block and
EL coding is applied for this block.
It is required to use the uncompressed and not chroma sub-sampled signal u[x, t] for
this test. Using the chroma sub-sampled signal ǔ[x, t] or the decoded BL signal v̌[x, t]
or ṽ[x, t] could suppress changes or introduce new ones. Due to the fact that u[x, t] is
not available at the decoder, its is necessary to transmit the result of the static block
detection in the bit stream. For this purpose an additional syntax element SB_flag is
introduced, indicating whether the current block is static or not. If SB_flag is false, the
decoder directly proceeds to the next block and decodes the SB_flag.
In the practical implementation, the transmission of the SB_flag per block helps to
save a lot of bit rate but costs rate by itself. This newly introduced rate should be
minimized, e.g. by the application of one or several probability models for this flag. Even
though the decreased quality of dynamic parts will not or hardly be perceived by humans,
the employed objective metrics PSNR and PCSE will measure this, which would lead to
distorted results. Therefore, this technique of restricting the EL to static blocks is not
considered for the experimental evaluation in this thesis because it will inevitably decrease
the objective performance of the EL codec.
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Experimental Results

The presented approach for EL compression is experimentally evaluated in this section.
First, the EL bit stream itself is analyzed, followed by experiments regarding the choice
of the parameter QEL for quantization. Afterwards, the RD performance of the proposed
scalable solution is compared against alternative approaches. Finally, the effect of enabling
the rate control algorithm introduced in Section 7.4.3 is demonstrated.
For the experimental evaluation the two metrics PSNR and PCSE (cf. Chapter 6) are
employed to determine the resulting quality (PSNR) or the introduced distortion (PCSE).
In order to obtain the PSNR of a whole sequence, the respective values per picture are
averaged. The same applies for the PCSE, where the results per picture are computed
as described in Chapter 6. As introduced in Section 6.1, the PSNR for screen content
images is calculated in the R0 G0 B0 domain and denoted as PSNRR0 G0 B0 . Note that the
index R0 G0 B0 may sometimes be omitted in the textual description. Nevertheless, if not
explicitly specified otherwise, the PSNR refers to the PSNRR0 G0 B0 in the remainder of this
D
chapter. Similarly, PCSE refers to the ĒPCSE
that is utilized for the evaluation following
evaluation.
For the scalable coding experiments in this chapter the libvpx library [Goo13] for
Google’s VP9 codec [Goo13, MBG+ 13] is used, which supports a variety of options to
control the encoder that are, unfortunately, not completely documented. After many
tests the following settings for coding with constant quality were selected:
• 20 coded pictures per experiment
• Rate control: - -end-usage=q - -cq-level=QVP9
• RD performance vs. complexity tradeoff: - -good - -cpu-used=2
• No keyframes except the first one: - -disable-kf (i.e. pure intra picture predicted
frames)
• Other settings: - -passes=1 - -threads=0 - -psnr
It turned out that 20 pictures per experiment are sufficient and there are only marginal
changes in the results if more pictures are coded. The argument QVP9 of the rate control
parameter - -cq-level controls the quantization step size of the VP9 codec and needs to
be provided as an integer in the range [0, 63]. Moreover, the combination of the options
- -good and - -cpu-used=2 leads to a moderate speed-up of the encoder by accelerating
the mode decision process as explained in Section 3.1.3. Due to the fact that the proposed
EL codec has been developed in collaboration with an industry partner it was desired to
obtain practically relevant results. As encoders in the field make use of techniques for
encoder acceleration it was decided to also speed up the encoder here.
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EL Bit Distribution

Before inspecting the RD performance of the EL codec, the structure of the created bit
stream is analyzed here first, i.e., the distribution of the required rate to the different parts
of the EL is evaluated. As already mentioned, the codec may be operated with and without
making use of probability models. The respective rate distributions are depicted in the
two pie charts in Figure 7.14. For both charts 20 frames of the WordWriting_HD_30fps
sequence from the class Office were coded. The percentage for “uncategorized” rate in
Figure 7.14(b) contains the rate for bits that are coded using probability models, because
for these bits it is not possible to directly count the number of bits needed for their
representation in the coded bit stream.
It can be observed that there is a huge difference between the rate distributions. If
probability modeling is disabled 71.3% of the rate is needed for the representation of the
dC tuples. Otherwise, if it is enabled, this percentage decreases to 8.4% and also the
total size of the EL bit stream decreases significantly by about 66% from 60.12 kilobytes
to 20.36 kilobytes. Even though a part of the rate needed for coding the dC tuples is
shifted to the “uncategorized” portion due to the probability models employed for the
abs_value_greater0_flag bits, these reductions anyway indicate that signaling the end
of a LUT, or the fact that the LUT is empty, by coding dC = (0, 0), becomes a dominant
part of the EL when large areas of the sequence are not changing, as it is typical for screen
content material and also the case for the WordWriting_HD_30fps sequence. In this case
hardly any other EL information needs to be coded. However, even coding dC = (0, 0)
for many blocks sums up to a relatively large EL bit stream size. By using a probability
model for the abs_value_greater0_flag of the dCB and the dCR syntax elements the high
probability of these elements being zero is learned and the efficiency of the arithmetic
coding is thus drastically improved.
Besides that, Figure 7.14(b) indicates that high portions of the rate are needed for
coding the list of spatial coordinates “Indices” and the set of ṽ tuples “SourceColors”.
Thus, further investigations regarding the reduction of the EL bit rate may focus on these
two parts first.

7.5.2

Comparison to 4:4:4 Format Coding

VP9 is capable of coding 4:4:4 content if Profile 1 instead of the standard Profile 0 is
used [Goo13]. This allows to bypass the chroma sub-sampling and to reconstruct the
full chroma resolution directly, which would otherwise be created by the proposed EL
codec. Obtaining the output format of the EL using only one coding layer is called
SL compression in the community of scalable video coding. Moreover, the BL can be
combined with the SL bit stream to form an alternative scalable coding framework that
can deliver both output formats 4:2:0 and 4:4:4, which is denoted as simulcast. However,

7.5. Experimental Results

131

1.2%
4.5%

79.9%

2.1%

SourceColors
num_source_colors
dC
num_indices
Indices
TLP

10.7%
1.6%

(a) Context models disabled (total EL size: 51.74 kilobytes)

5.6% 3.4%
7.2%

19.4%

37.5%

SourceColors
num_source_colors
dC
num_indices
Indices
uncategorized

26.9%

(b) Context models enabled (total EL size: 11.86 kilobytes)
Figure 7.14: Rate distribution with and without probability models.
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Figure 7.15: RD plot for the WordWriting_HD_30fps sequence from class Office including
plots for SL and simulcast.

this framework does not make use of any techniques for inter layer prediction, which is
the reason why it is typically not used in practice. Nevertheless, both the SL as well as
the simulcast approach serve as good references for the evaluation of the proposed EL
codec.
An RD plot consisting of the BL, two EL curves, and the results for SL and simulcast
compression is depicted in Figure 7.15. The figure is split in two parts. On the left side
the PSNRR0 G0 B0 is plotted against the rate in Megabits per second (Mbps). The rate for
a point in the plot incorporating the EL is the sum of the BL rate using a specific value
for the QVP9 parameter and the rate needed for the EL based on the respective BL. For
example, the rightmost BL point results from QVP9 = 20. Consequently, the rate of the
rightmost points of the curves incorporating the EL include the rate for this BL point and
D
increase it by the respective EL rate. The right part of the figure shows the ĒPCSE
metric
plotted against the rate. The performance regarding PSNRR0 G0 B0 increases towards the
top left of the plot (higher quality, less rate). For the PCSE plot a smaller distortion is
advantageous, which means that the performance increases towards the lower left (smaller
distortion, less rate).
For 4:4:4 SL VP9 coding the quantization parameter QVP9 is increased by five compared to the respective setting for the BL in order to achieve a higher overlap of the
produced rates. It can be observed that the BL curves seem to approach a certain limit
D
for the PSNRR0 G0 B0 and the ĒPCSE
, which is given by the chroma sub-sampling error.
Compared to that, the slope for SL coding remains almost constant for the considered
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rate interval. Only the PCSE for the highest rate point deviates from this approximately
linear behavior.
The superior performance of SL coding compared to the BL only is expected due
to the already mentioned chroma sub-sampling loss that can not be retrieved by the
BL. Including EL coding into the consideration, there is typically a gap between the
performance of SL compression compared to both layers of scalable coding, i.e., scalable
coding is usually less efficient. This results from the overhead that is required to enable the
scalability. Consequently, the RD performance of BL+EL of scalable coding is typically
between that of BL only and SL compression. This is also the case for the proposed EL
codec. Moreover, setting QEL = 15 is clearly superior to QEL = 25 in terms of PCSE. The
reduced quantization step size leads to a higher reconstruction fidelity with a marginal rate
increase for all the considered BL rate points. This is different regarding the PSNRR0 G0 B0 .
Here, QEL = 15 is clearly superior only for the higher rate points. For the smallest rate
point (QVP9 = 50) the PSNRR0 G0 B0 using QEL = 15 is still better, but the EL rate is high
compared to QEL = 25, leading to the intersection of the two BL+EL curves QEL = 25
providing a better RD performance to the left of this intersection.
The curves denoted as Simulcast in Figure 7.15 are obtained by plotting the PSNRR0 G0 B0 /
PCSE of SL encoding versus the sum of the BL and the SL rate. In the simulcast framework, both bit streams are required in order to achieve this scalable representation. The
RD performance of simulcast can be considered as a lower limit for scalable transmission
when no inter layer correlation is exploited and both streams are simply encoded independently. This does also apply for Figure 7.15, where simulcast performs worse than the
proposed scalable approaches, assuming the parameter QEL is chosen appropriately.
The inspection of these kind of RD plots for all the tested sequences is very cumbersome. For that reason the two metrics called “Bjøntegaard Delta (BD) rate” and
“Bjøntegaard Delta (BD) PSNR” have been introduced in [Bjø01], which indicate the average difference between two RD curves, either in terms of bit rate or in terms of PSNR.
It should be noted that only those parts of the curves are considered for these metrics
where the PSNR intervals (for BD rate) or the rate intervals (for BD PSNR) of the two
curves overlap. Based on Figure 7.15 there is a very high overlap of the rate intervals
of the BL, the BL+EL, and the SL curves. Thus, rather meaningful BD PSNR values
between these curves can be computed. In particular, the BD PSNR in relation to the
BL curve is calculated in the following. The rate overlap between the BL and the simulcast curve is not high enough to yield meaningful BD PSNR results. However, also for
computing BD rate values the required PSNR overlap is very limited. For these reasons,
the RD performance of simulcast is not considered any more in the following evaluation.
Nevertheless, it is noted that the simulcast approach is consisting of BL and SL coding.
Relating simulcast to BL coding by computing the BD PSNR between these two turns
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Figure 7.16: Sequence class averages and total average of the BD PSNR results.
out to be only dependent on the SL performance. The obtained SL results can thus also
be interpreted as performance indicators of the simulcast approach.
Principally, the method from [Bjø01] to compute average differences between RD
curves could also be applied for the PCSE curves as shown in Figure 7.15. However,
assumptions about the underlying curves made in [Bjø01] may not be fulfilled by the
PCSE curves. Thus, no BD PCSE values are considered for this evaluation.
The average PSNRR0 G0 B0 differences (BD PSNR) of the BL+EL for QEL = {15, 25} and
SL compression compared to BL coding are computed for all the available test sequences
introduced in Chapter 5. The obtained results are listed in Table 7.7. For some cases
no BD PSNR values could be computed because there was no overlap between the rate
intervals of BL and EL, or the overlap was very small. It was decided to skip the BD PSNR
computation if the overlap of the intervals was less than 20% of the BL rate interval. In
other words, the rate interval of the BL is defined as the distance between the maximum
BL rate (smallest QVP9 value) and the minimum BL rate (highest QVP9 value). Assuming
the corresponding EL rate interval (constant QEL , varying QVP9 ) is larger than 20% of
the BL rate interval, the BD PSNR computation is skipped if the distance between the
minimal EL rate and maximal BL rate is less than 20% of the BL rate interval.
A summary of the respective class average values is shown in the graphical representation in Figure 7.16. It can be observed that the performance of SL compression is
clearly superior compared to scalable coding, as expected. No bit rate overhead for the
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VP9 SL

QEL = 15

QEL = 20

Misc

LMI_CAD
HEVC_sc_robot
Class average

5.15
1.62
3.38

3.04
-0.13
1.46

1.98
-0.10
0.94

Office

WordWriting_HD_30fps
WordEditing1_4K_15fps
WordEditing2_4K_15fps
Excel_HD_30fps
WordTable_HD_30fps
Excel_4K_15fps
Class average

4.40
6.22
7.35
3.13
3.76
5.59
5.08

2.14
0.09
5.05
0.69
0.75
1.75

1.75
1.73
4.42
0.05
1.09
1.81

Presentation

PP_Transitions_800x600_30fps
HEVC_sc_SlideShow
PP_Transitions_HD_30fps
PP_Transitions_4K_15fps
HEVC_sc_flyingGraphics
Class average

4.73
1.13
2.48
4.33
4.83
3.50

1.81
-1.00
0.89
1.88
0.90

1.30
-2.57
-1.50
1.46
1.22
-0.02

Desktop

HEVC_sc_console
HEVC_sc_programming
HEVC_sc_desktop
WindowsAnalysis_4K_15fps
Class average

9.79
4.71
10.34
5.30
7.53

1.35
1.35

0.96
2.23
1.59

VideoSharing

LocalVideoPlayback_HD_30fps
LMI_quicktime
LMI_VLC
HEVC_MissionControlClip2
HEVC_MissionControlClip3
LocalVideoPlayback_4K_15fps
HEVC_Basketball_Screen
LMI_WIN_20min_YoutubeShort
YouTube_4K_15fps
YouTube_HD_30fps
Class average

5.34
3.23
5.86
6.01
5.90
4.00
4.64
3.79
5.08
5.53
4.94

1.20
3.84
3.75
2.09
1.66
2.81
3.87
2.74

-0.75
1.07
3.01
3.24
1.60
1.58
-0.62
1.95
2.79
1.54

WebBrowsing

Table 7.7: BD PSNR of VP9 SL coding and scalable coding for QEL = {15, 20} in dB.

WebBrowsing2_4K_15fps
WebBrowsing1_4K_15fps
WebBrowsing2_HD_30fps
HEVC_sc_web_browsing
LMI_weather_com
LMI_VidSoftHomepage
WebBrowsing1_HD_30fps
LMI_MAC_vert_scrolling
LMI_McDonalds_com
HEVC_sc_map
Class average

6.79
4.97
3.23
2.62
7.01
3.47
4.68
5.65
3.06
4.61

5.19
3.59
1.37
1.29
4.71
2.33
0.77
3.84
1.31
2.71

3.74
2.22
0.88
1.22
4.29
0.46
1.90
-0.01
2.93
0.90
1.85

Total average

4.84

1.82

1.29

Sequence

136

7. Enhancement Layer Coding for Screen Content Chroma Format Scalability

Figure 7.17: Tenth frame of the sc_SlideShow sequence from class Presentation.

scalable representation is required here. Moreover, the VP9 BL codec generally tries to
optimize the PSNR (in the Y0 CbCr domain) of the coded sequence while the proposed
EL codec is explicitly designed to reduce the chroma sub-sampling artifacts, that may
be measured by the PCSE metric. Consequently, it naturally may happen that spending
a certain amount of rate for the reduction of chroma sub-sampling artifacts by the EL
does not lead to the same PSNRR0 G0 B0 increase as if this rate was spent for improved
BL compression. However, also for scalable compression significant PSNR improvements
compared to BL coding can be achieved. On average, a better performance can be obtained using QEL = 15, which outperforms the compression with QEL = 20 for four of the
six classes. Only for the classes Desktop and Office setting QEL = 20 is slightly better.
However, QEL = 20 leads to a slightly negative BD PSNR of −0.02 dB for the class Presentation. Looking into Table 7.7 reveals that this is caused by the bad performance for
the sequences PP_Transitions_HD_30fps and especially sc_SlideShow . Also SL compression leads to only slight PSNR improvement for these sequences. An example frame
of the sc_SlideShow sequence is provided in Figure 7.17. This sequence contains a high
portion of either single-colored areas or regions containing color gradients or structures.
The properties of the content of the PP_Transitions_HD_30fps sequence are similar.
As explained in Section 7.3.2 quantization is applied to the BL output signal ṽ[x] as
well as the chroma difference tuples dC . The RD plot for the sc_SlideShow sequence for
QEL = {5, 10, 15} is depicted in Figure 7.18. It can be seen that the best EL performance
for this sequence is achieved for QEL = 10. For QEL = 15 the quantization of the dC
tuples becomes too high and there is hardly any quality improvement compared to the
BL any more. Moreover, also the rate saving for QEL = 15 compared to QEL = 10 is only
moderate. Decreasing the QEL value to 5 leads to rather high rate increases, which are
caused by the many constrained mappings where spatial coordinates need to be trans-
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BL
BL+EL (QEL = 5)

SL
BL+EL (QEL = 10)

Simulcast
BL+EL (QEL = 15)
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Figure 7.18: RD plot for the sc_SlideShow sequence from class Presentation with QEL =
{5, 10, 15}.

mitted. These extraordinarily high numbers of constrained mappings are created if the
quantization interval for quantizing ṽ[x] is too small. In this case it is not possible to
adequately reduce the palette size, which is especially difficult for this sequence due to
the large color gradient areas. These observations lead to the conclusion that controlling
the quantization step sizes of ṽ[x] and dC independently would allow to significantly improve the RD performance for this sequence and is thus desired. The step size for the
quantization of ṽ[x] should be selected based on the level of the BL compression artifacts
and only the step size for the quantization of dC should be used to control the rate of the
EL. However, this is not tackled in this thesis any more and is considered as a promising
topic for future research.

The previously presented BD PSNR results are a common way to evaluate the average
compression performance of video coding algorithms. However, there is the problem of
the too small or missing overlap of the rate intervals that leads to the missing results in
Table 7.7. Even though the rate of the EL is very high in these cases, the performance is
not necessarily poor because also the obtained quality may be increased accordingly. In
order to be able to compute results for all the considered sequences and QEL settings an
alternative approach for the evaluation is provided in the following section.
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EL

D
ĒPCSE
→

PSNRR0 G0 B0 →

BL

Rate →

Rate →

D
Figure 7.19: Exemplary RD plots in terms of PSNRR0 G0 B0 and ĒPCSE
for different BL
QVP9 parameter settings and a specific QEL value.

7.5.3

Quality Improvement vs. Rate Increase

For the next step of the EL codec evaluation the exemplary RD plot of the BL and the
EL based on one of the BL encodes is considered, as shown in Figure 7.19. The BL is
coded using different QVP9 settings and different QEL values are employed for the EL.
The considered RD points of BL and EL are marked by the red squares and they are
connected by the dashed red lines. For the transition from the considered BL point to the
EL a certain amount of additional rate is required. However, this comes with a specific
D
quality increase in terms of PSNRR0 G0 B0 or error decrease regarding the ĒPCSE
. Note that
there is such a transition for each BL rate point to each EL rate point that is based on
the respective BL. In order to quantify the EL codec performance, the ratio between
the quality gain (or error decrease) and the required additional rate is computed, which
is the slope of the respective red transition line in the figure. Due to the fact that the
rates needed for the different test sequences varies significantly, it is required to become
independent of the absolute rates by computing the relative rate increases, where the
respective BL rate serves as the reference. Thus, the PSNRR0 G0 B0 difference per relative
rate increase compared to the BL is defined as
R0 G0 B0 =
∆PSNR
r

PSNRR0 G0 B0 (EL) − PSNRR0 G0 B0 (BL)
,
REL
−
1
RBL

(7.16)

where PSNRR0 G0 B0 (·) denotes the PSNRR0 G0 B0 of the BL or the EL and RBL and REL are
D
BL and EL rate, respectively. The analogous definition applies for the ĒPCSE
difference
PCSE
per relative rate increase ∆r
. This metric describes the potential quality improvement
PSNRR0 G0 B0
per additional multiple of the BL rate. For example, a value of ∆r
= 10 dB
means that the PSNRR0 G0 B0 would increase by 10 dB if the rate required by the BL is also
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Figure 7.20: RD plot for the LMI_CAD sequence from class Misc with QVP9 =
{20, 30, 40, 50} and QEL = {5, 10, 20, 30}.
spent for the EL. If only half the BL rate is consumed by the EL, this would result in a
potential quality improvement of 5 dB.
A measured RD plot using the just introduced way of representation is depicted in
Figure 7.20. It illustrates that the example presented in Figure 7.19 can indeed be observed
by evaluating actual measurements. Interestingly, considering QEL = {5, 10, 20, 30} only,
i.e. those EL RD points located closest to the BL curve, these parts of the curves can be
well approximated by straight lines. This is also reflected in the average results presented
in the following.
PSNRR0 G0 B0
The detailed results per sequence for the evaluation of ∆r
and ∆PCSE
averaged
r
over all QVP9 = {20, 30, 40, 50} values of the respective BL are contained in Table B.1
and Table B.2 in Appendix B. The mean values per sequence class for different quantiPSNRR0 G0 B0
zation step sizes QEL of the EL are provided in Figure 7.21. For most cases ∆r
is between 5 dB and 25 dB, while the average for different QEL settings is approximately
PSNRR0 G0 B0
in the range [10 dB, 15 dB]. The highest average gains in terms of ∆r
can be
PSNRR0 G0 B0
achieved for QEL = 20. For smaller QEL values the average ∆r
decreases again,
which is probably caused by the increasingly many constrained mappings that are created and need to be transmitted, as already mentioned in the previous section. For a
higher QEL value, i.e., QEL = 25, the decreasing performance is caused by the sequences
PP_Transitions_HD_30fps and sc_SlideShow from class Presentation. Also this has
already been explained in the previous section. As can be seen from the detailed results in Table B.1, the performance decreases for QEL ≥ 20 and for QEL ≥ 15 for the
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Figure 7.21: Visualization of the quality differences per relative rate increases for the
PSNRR0 G0 B0
); The plots show the results averaged per
) and the PCSE (∆PCSE
PSNR (∆r
r
sequence class and the total average.
PP_Transitions_HD_30fps and the sc_SlideShow sequence, respectively. Also the performance of the class Desktop can be explained by the occurrence of many color gradient
areas. This is partly solved by employing the proposed rate control algorithm. However,
this only serves as a workaround here to avoid a channel overload. Future work should
investigate the performance drop for sequences containing many color gradient areas.
Regarding the ∆PCSE
, the performance of the classes is similar. Again the classes
r
Misc and Office perform best. The performance of the other classes changed partially,
but their results are similar. The total average ∆PCSE
is in the order of almost ∆PCSE
=
r
r
−0.1. Interestingly, the sc_SlideShow sequence from class Presentation does not lead
to a performance drop in terms of ∆PCSE
. Instead, slight distortion reductions of −0.02
r
or −0.03 for all considered QEL values can be obtained in Table B.2. This is probably
caused by the fact that chroma sub-sampling does not introduce a significant distortion
in terms of PCSE for this sequence. The worst ∆PCSE
performance is obtained for the
r
class VideoSharing. This can again be explained by the content of the sequences within
this class. Significant parts of these sequences contain the playback of natural videos,
which the proposed EL codec is not optimized for. Even though the intra picture rate
control algorithm described in Section 7.4.3 will allocate a low priority for these areas, EL
information will eventually also be coded for these parts. This could be solved by strictly
excluding those areas from EL coding, either by ignoring dynamic content as suggested
in Section 7.4.4, or by detecting natural content within the screen content sequences.
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(a) Original R0 G0 B0 image uR0 G0 B0 [x]

(b) BL output image ṽR0 G0 B0 [x]

(c) EL output image v̂R0 G0 B0 [x]

(d) Absolute difference between uR0 G0 B0 [x] and ṽR0 G0 B0 [x]

(e) Absolute difference between uR0 G0 B0 [x] and v̂R0 G0 B0 [x]
Figure 7.22: Part of the YouTube_HD_30fps sequence from class VideoSharing as visual
example of the effect of the proposed EL (QVP9 = 25, QEL = 15); The difference images
are amplified by a factor of four to improve the visibility and darker pixels represent larger
absolute differences.

PSNR

0

0

0

R G B
may be considered as
On average, the results regarding ∆r
as well as ∆PCSE
r
approximately constant and only slightly depending on the choice of the parameter QEL
(at least in the considered range). This also supports the straight line approximation given
in the description of Figure 7.20. This means that QEL may indeed be used to control the
RD performance tradeoff of the EL, i.e., the selection of the QEL value is directly related
to how much rate will be spent for the EL.

A visual example of the effect reached by the application of the EL is given in Figure 7.22. It shows a small part of the YouTube_HD_30fps sequence from class VideoSharing, where the chroma sub-sampling artifacts become clearly visible in the red color of
the text of the BL output image ṽR0 G0 B0 [x]. Compared to that, the distortion is almost
invisible for the EL output image v̂R0 G0 B0 [x]. The two lower images of the figure show
the absolute difference images, where darker pixels represent larger absolute differences.
The remaining difference compared to the original image is a mixture of the BL compression artifacts and the error introduced by quantization of the ṽ[x] image within the EL
encoder.
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Figure 7.23: BL rate and assigned EL rate for 20 pictures of the sc_desktop sequence
from class Desktop.

7.5.4

Rate Control Evaluation

As already stated in Section 7.4.3 the usage of probability models is disabled when the rate
control algorithm is activated. Naturally, this degrades the coding efficiency. However,
compression results in terms of RD performance is not the primary goal of the rate control
evaluation here. Instead, the main focus is on the strict observance of the provided rate
per picture limit. Supporting probability modeling with enabled rate control may be
considered by future work.
The proposed rate control algorithm from Section 7.4.3 is evaluated by means of showing the different rates per picture of an example sequence. Multiple sequences have been
tested and the algorithm worked reliably. The obtained effects are clearly recognizable
for the sc_desktop sequence from the class Desktop. An example using QVP9 = 40 and
QEL = 10 is shown in Figure 7.23 and Figure 7.24. First, Figure 7.23 depicts the BL
rate per frame analogously to Figure 7.12. Besides that, also the assigned target rate
per picture denoted as TargetRatePerPic from Algorithm 1 is plotted. Only for the first
two frames no EL rate is assigned. This is caused by the BL rate overshoot for the first
keyframe, which is compensated by skipping the EL. Eventually, the rate assigned to the
EL fills the gaps between the rate consumed by the BL and the assigned target rate.
In Figure 7.24 the assigned EL rate per picture is replaced by the actually coded EL
rate per picture. Being able to control the data rate is of high importance for the practical
application of the EL codec. Comparing Figure 7.24 to Figure 7.23 it can be observed
that the EL encoder obeys the assigned EL data rate, as expected. Only a marginal EL
rate is produced for the first three pictures, which is caused by coding empty LUTs, i.e.,
dC = (0, 0) for each LUT. The EL encoder is thus able to react to the rate produced by
the BL and fill the remaining channel capacity without disturbing the BL itself.
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Figure 7.24: BL rate and actually coded EL rate for 20 pictures of the sc_desktop sequence
from class Desktop.

7.6

Conclusions

This chapter illustrated some of the differences of screen content video material compared
to natural videos and how the specific properties of screen content can be exploited for
efficient EL coding in order to improve the chroma fidelity when a BL in the Y0 CbCr 4:2:0
format is used. Based on the introduced concepts, an EL codec for chroma fidelity-scalable
coding of screen content has been developed. It has been shown that this codec is efficient
in terms of RD performance and can significantly improve the output quality, which has
PSNRR0 G0 B0
been evaluated in terms of BD PSNR as well as by the introduced metrics ∆r
. Another strength of the proposed EL codec is the integrated rate control
and ∆PCSE
r
algorithm, which is able to adapt to the BL rate on a picture level and prioritizes areas
with higher artifact levels and EL data with higher importance. Moreover, the possibility
to queue EL data until bit rate is available or the content changes can be regarded as
additional scalability of the codec.
In the future it may be beneficial to decouple the quantization of the ṽ[x] signal and
the dC tuples. Moreover, a potential improvement is the adaptive quantization of the
signal ṽ[x] depending on the estimated BL quantization level. For example, one could
use the luma channel from the original signal uY0 [x] and the decoded signal vY0 [x] to
estimate the quantization level of the BL codec, as no chrominance sub-sampling error is
contained here. Then, only the quantization strength for the dC tuples should be used
to control the desired EL rate and quality. The estimated BL quantization level could
also be applied to automatically adapt the QEL parameter for the dC tuples. This could
be another step towards the exclusion of BL coding artifacts, as the same quantization
strength may be achieved for both luma and chroma.
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8 Summary, Conclusions, and Outlook
Quality scalable video compression is a very helpful and elegant technique to create flexible coding solutions targeting heterogeneous receiver devices and network conditions. It
allows to significantly improve the compression efficiency compared to simulcast, which
would be the alternative solution. However, the analysis of existing scalable coding
schemes revealed that these are not suitable for the scenarios targeted in this thesis. Out
of that reason, two novel EL codecs have been proposed in this thesis that enable efficient
scalable lossless or near-lossless coding and chroma format scalable coding, respectively.
The SELC framework for scalable lossless coding of video data in the Y0 CbCr 4:2:0
format encodes the reconstruction residual of the lossy BL stream and allows the lossless
output of individual pictures. A big advantage of this EL codec is its very low complexity,
which enables the SELC encoder and decoder to be executed as a software application
in conjunction with efficient hardware-supported BL codec implementations. Moreover,
SELC is independent of the utilized BL codec and even of the BL codec’s implementation
if not all features are used and a minor efficiency decrease is accepted. This is a pleasant
property, because the BL codec may simply be replaced if desired, for example because
a more efficient codec has been released. The performance of SELC has been evaluated
by means of coding experiments. The results showed that the rate needed for scalable
coding with an HM BL and SELC for the EL is comparable to HM RExt SL lossless
coding, when the AI configuration is used for both BL and SL coding. When inter picture
coding is enabled for the BL (LB or RA configuration), rate savings of more than 7%
are achieved compared to HM RExt SL lossless coding (AI configuration), while retaining
the desired property of independently accessible EL pictures. The extension of SELC to
perform near-lossless coding is denoted as SELC-NL and allows significant rate savings
when accepting small absolute errors. It could be shown that SELC-NL outperforms SL
near-lossless coding with JPEG-LS in most cases.
The second EL codec proposed in this thesis is targeting scalable coding with respect
to the chroma sub-sampling artifacts in screen content data. A screen content test set has
been created, which was used to evaluate the performance of different alternative filters
for the chroma resolution conversion processes. Moreover, the PCSE metric has been proposed which is able to model the perceived chrominance sub-sampling errors. Equipped
with these tools, the basic principles exploited for scalable coding of the chroma resolution
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was explained, followed by a detailed description of the actual EL codec. Experimental
results showed that an average BD PSNR of 1.82 dB is achieved for scalable coding compared to BL coding only. This means that the quality for a certain bit rate increases
on average by 1.82 dB. Moreover, a different evaluation showed that a PSNR increase of
about 10 to 15 dB on average, if the rate of the BL is also spent for the EL.
The results obtained for the two presented EL coding schemes show that traditional
block-based hybrid video coding is not the optimal solution when a combination of scalable
coding and lossless or near-lossless reconstruction is considered. However, combining
conventional video coding with a dedicated and low-complex EL codec can provide an
efficient scalable representation achieving lossless or near-lossless reconstruction quality.
A similar principle can also be applied to achieve a scalability in terms of the chroma subsampling format. Prevalent Y0 CbCr 4:2:0 format video codecs can be extended by EL
coding to achieve a high-quality reconstruction of the Y0 CbCr 4:4:4 format signal. Both
approaches exploit the high video compression capabilities provided by the optimized
basic video codecs and extend these codecs to provide efficient compression for specific
applications.
As pointed out in various paragraphs within the thesis there are different ideas to
further improve the presented EL codecs. The most promising approaches are outlined in
the following.
The suboptimal EL compression performance of SELC for a high BL quality (small
BL QP) may be thoroughly examined. Currently, there seems to be a mismatch between
the actual properties of the residual signal and the properties SELC is modeling. The
identification of this mismatch and a proper extension of SELC may help to further
improve the performance of SELC. A different approach to improve SELC is given by
additionally incorporating motion-compensated temporal prediction. This may be based
on the already utilized block structure and adopt the motion vectors found by the BL
encoder. However, it should be noticed that this disables the possibility of producing
the EL only for individual pictures. It depends on the actual application whether the
increased compression performance when coding subsequent frames or the possibility to
access single pictures is more important.
Another open issue is related to the rate control for chroma resolution scalable coding.
On the one hand, the quantization step size utilized for EL coding is closely related to
the structure of the created LUTs, which are truncated to reduce the amount of data to
transmit if the available rate is not sufficient. However, also increasing the quantization
step size would decrease the produced EL rate. The study of these interactions may help
to dynamically update the quantization step size in order to reach the target bit rate. In
addition to that, also the rate control of the BL encoder may be incorporated. A joint
rate control algorithm is required to achieve the optimal rate distribution to BL and EL
and to always obtain the highest possible output quality.
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Eventually, both proposed scalable coding schemes may be extended to more than one
EL. For SELC-NL, a decreasing maximum absolute error may be achieved from EL to
EL, which would be a step towards FGS coding. Also for chroma format scalable coding
FGS coding may be approached if the quantization step size is slightly reduced from EL
to EL. Eventually, both scalable coding schemes may even be merged to achieve lossless
or near-lossless reconstruction with SELC or SELC-NL in a first EL, followed by a second
EL that increases the chroma fidelity towards the Y0 CbCr 4:4:4 format.
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A Examples of the Created Screen
Content Data Set
This appendix depicts example images for each sequence of the screen content test set
created in Chapter 5. The tenth frame of each sequence is shown.

A.1

Class Misc
sc_robot

A.2

CAD

Class Office
Excel_4K_15fps

Excel_HD_30fps
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A.3

A. Examples of the Created Screen Content Data Set
WordEditing1_4K_15fps

WordEditing2_4K_15fps

WordWriting_HD_30fps

WordTable_HD_30fps

Class Presentation
sc_SlideShow

sc_flyingGraphics

PP_Transitions_4K_15fps

PP_Transitions_HD_30fps

A.4. Class Desktop
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PP_Transitions_800x600_30fps

A.4

A.5

Class Desktop
sc_console

sc_desktop

sc_programming

WindowsAnalysis_4K_15fps

Class VideoSharing
YouTube_4K_15fps

YouTube_HD_30fps
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A. Examples of the Created Screen Content Data Set
LocalVideoPlayback_4K_15fps

LocalVideoPlayback_HD_30fps

Basketball_Screen

MissionControlClip2

MissionControlClip3

WIN_20min_YoutubeShort

quicktime

VLC

A.6. Class WebBrowsing

A.6
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Class WebBrowsing

WebBrowsing1_4K_15fps

WebBrowsing2_4K_15fps

WebBrowsing1_HD_30fps

WebBrowsing2_HD_30fps

sc_map

sc_web_browsing

MAC_vert_scrolling

VidSoftHomepage
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A. Examples of the Created Screen Content Data Set
weather_com

McDonalds_com
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B Additional Results for Scalable
Chroma Coding
Table B.1: Quality differences per relative rate increases for the PSNR
PSNRR0 G0 B0
)
(∆r
QEL
15

20

25

HEVC_sc_robot
LMI_CAD
Class average

Class Misc
0.58
1.17
30.16 40.84
15.37 21.00

1.83
38.53
20.18

2.33
37.91
20.12

1.69
36.09
18.89

Excel_4K_15fps
Excel_HD_30fps
WordEditing1_4K_15fps
WordEditing2_4K_15fps
WordTable_HD_30fps
WordWriting_HD_30fps
Class average

Class Office
4.56
3.05
8.44
25.11
13.16
16.28
11.77

4.89
5.15
11.67
32.98
24.44
24.99
17.35

6.26
5.87
9.60
42.57
20.12
32.50
19.49

5.24
4.84
18.74
49.09
44.58
47.23
28.29

4.97
-0.37
20.20
50.66
51.10
49.66
29.37

Class Presentation
HEVC_sc_SlideShow
3.99
5.65
HEVC_sc_flyingGraphics
2.60
3.88
PP_Transitions_4K_15fps
10.76 17.25
PP_Transitions_800x600_30fps
8.93
16.33
PP_Transitions_HD_30fps
3.08
5.82
Class average
5.87
9.79

0.14
4.43
20.68
21.65
7.72
10.92

-21.06
4.46
24.96
26.31
-5.72
5.79

-66.59
5.21
24.56
19.45
-32.43
-9.96

8.04
6.45

11.35
9.54

7.24
6.07

Sequence

HEVC_sc_console
HEVC_sc_desktop

5

10

Class Desktop
5.87
7.97
3.68
5.24
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2.11
8.68
5.09

4.55
10.94
7.18

7.47
12.47
8.61

8.26
13.41
10.64

9.53
13.07
8.97

Class VideoSharing
HEVC_Basketball_Screen
2.71
5.92
HEVC_MissionControlClip2
6.38
11.23
HEVC_MissionControlClip3
1.77
2.74
LMI_VLC
4.81
13.33
LMI_WIN_20min_YoutubeShort
3.99
5.02
LMI_quicktime
2.82
8.39
LocalVideoPlayback_4K_15fps
9.42
15.86
LocalVideoPlayback_HD_30fps
11.42 19.31
YouTube_4K_15fps
8.23
13.14
YouTube_HD_30fps
10.48 15.82
Class average
6.20 11.07

9.70
14.09
3.30
18.68
5.11
13.63
18.16
21.25
17.35
19.10
14.04

14.26
15.61
3.80
25.59
0.54
20.70
18.83
20.43
18.30
19.68
15.77

19.60
19.05
3.87
32.43
-14.47
31.31
17.32
21.56
17.37
21.13
16.92

Class WebBrowsing
7.02
11.86
5.05
7.21
12.38 13.92
11.96 18.40
2.80
4.16
9.07
13.15
9.97
11.25
9.83
19.54
13.03 15.28
8.24
11.29
8.93 12.61

16.70
6.80
9.94
23.15
5.14
15.77
11.76
23.15
18.52
13.23
14.42

18.72
7.06
5.00
24.40
6.12
17.62
10.02
27.79
17.71
14.41
14.88

23.02
-0.33
-17.76
25.93
7.59
19.31
9.43
29.25
16.49
23.24
13.62

8.87

14.61

15.92

12.97

Sequence
HEVC_sc_programming
WindowsAnalysis_4K_15fps
Class average

HEVC_sc_map
HEVC_sc_web_browsing
LMI_MAC_vert_scrolling
LMI_McDonalds_com
LMI_VidSoftHomepage
LMI_weather_com
WebBrowsing1_4K_15fps
WebBrowsing1_HD_30fps
WebBrowsing2_4K_15fps
WebBrowsing2_HD_30fps
Class average
Total average

13.17

20

25
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Table B.2: Quality differences per relative rate increases for the PCSE
(∆PCSE
)
r
QEL
15

20

25

HEVC_sc_robot
LMI_CAD
Class average

Class Misc
-0.01 -0.01
-0.18 -0.26
-0.09 -0.14

-0.01
-0.30
-0.15

-0.01
-0.32
-0.17

-0.02
-0.21
-0.11

Excel_4K_15fps
Excel_HD_30fps
WordEditing1_4K_15fps
WordEditing2_4K_15fps
WordTable_HD_30fps
WordWriting_HD_30fps
Class average

Class Office
-0.03
-0.02
-0.02
-0.10
-0.06
-0.08
-0.05

-0.04
-0.04
-0.03
-0.14
-0.12
-0.12
-0.08

-0.06
-0.07
-0.05
-0.21
-0.17
-0.16
-0.12

-0.05
-0.06
-0.05
-0.21
-0.14
-0.17
-0.11

-0.05
-0.05
-0.06
-0.23
-0.19
-0.19
-0.13

Class Presentation
HEVC_sc_SlideShow
-0.02 -0.02
HEVC_sc_flyingGraphics
-0.03 -0.05
PP_Transitions_4K_15fps
-0.02 -0.03
PP_Transitions_800x600_30fps
-0.05 -0.09
PP_Transitions_HD_30fps
-0.03 -0.04
Class average
-0.03 -0.04

-0.03
-0.05
-0.03
-0.14
-0.04
-0.06

-0.03
-0.06
-0.03
-0.18
-0.04
-0.07

-0.03
-0.07
-0.03
-0.22
-0.04
-0.08

Class Desktop
HEVC_sc_console
-0.08
HEVC_sc_desktop
-0.03
HEVC_sc_programming
-0.01
WindowsAnalysis_4K_15fps
-0.04
Class average
-0.04

-0.11
-0.04
-0.02
-0.05
-0.05

-0.12
-0.05
-0.03
-0.05
-0.06

-0.16
-0.07
-0.04
-0.05
-0.08

-0.12
-0.05
-0.04
-0.05
-0.07

Class VideoSharing
HEVC_Basketball_Screen
-0.01 -0.02
HEVC_MissionControlClip2
-0.02 -0.04
HEVC_MissionControlClip3
-0.01 -0.01
LMI_VLC
-0.02 -0.05
LMI_WIN_20min_YoutubeShort -0.02 -0.03
LMI_quicktime
-0.02 -0.04

-0.03
-0.05
-0.01
-0.07
-0.04
-0.05

-0.04
-0.05
-0.01
-0.11
-0.03
-0.06

-0.05
-0.06
-0.01
-0.16
0.09
-0.08

Sequence

5

10
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5

10

QEL
15

-0.00
-0.01
-0.04
-0.07
-0.02

-0.01
-0.02
-0.06
-0.10
-0.04

-0.01
-0.02
-0.07
-0.12
-0.05

-0.01
-0.02
-0.07
-0.13
-0.05

-0.00
-0.02
-0.07
-0.13
-0.05

Class WebBrowsing
HEVC_sc_map
-0.08 -0.14
HEVC_sc_web_browsing
-0.06 -0.08
LMI_MAC_vert_scrolling
-0.04 -0.04
LMI_McDonalds_com
-0.03 -0.04
LMI_VidSoftHomepage
-0.02 -0.04
LMI_weather_com
-0.05 -0.08
WebBrowsing1_4K_15fps
-0.09 -0.11
WebBrowsing1_HD_30fps
-0.05 -0.09
WebBrowsing2_4K_15fps
-0.09 -0.11
WebBrowsing2_HD_30fps
-0.10 -0.14
Class average
-0.06 -0.09

-0.17
-0.09
-0.04
-0.05
-0.05
-0.10
-0.13
-0.11
-0.14
-0.16
-0.10

-0.17
-0.09
-0.05
-0.04
-0.05
-0.11
-0.12
-0.13
-0.14
-0.15
-0.11

-0.13
-0.06
-0.05
-0.03
-0.07
-0.13
-0.10
-0.15
-0.12
-0.13
-0.10

Total average

-0.09

-0.10

-0.09

Sequence
LocalVideoPlayback_4K_15fps
LocalVideoPlayback_HD_30fps
YouTube_4K_15fps
YouTube_HD_30fps
Class average

-0.05

-0.07

20

25
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Abbreviations and Acronyms
ACR
AI
AVC
BD
BL
CABAC
CGS
CIE
CU
dB
DCT
dec
DPB
EC
ED
EG
EL
enc
FGS
fps
GR
HARP
HEVC
HM
IBC
IT
ITU-R
LB
LMI

Absolute Category Rating
Intra Main
H.264/MPEG-4 Advanced Video Coding
Bjøntegaard Delta
Base Layer
Context-Based Adaptive Binary Arithmetic Coding
Coarse-Granularity Scalability
Commission Internationale de l’Éclairage (CIE) or International
Commission on Illumination
Coding Unit
Decibel
Discrete Cosine Transform
decoder
Decoded Picture Buffer
Entropy Coding
Entropy Decoding
Exponential Golomb
Enhancement Layer
encoder
Fine-Granularity Scalability
frames per second
Golomb-Rice
HEVC Analyzer for Rapid Prototyping
H.265/MPEG-H Part 2
HEVC Test Model
Improved Block Copy
Inverse Transform
International Telecommunication Union (Radiocommunication
Sector)
Low-Delay Main
LogMeIn Inc.
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LPS
LUT
Mbps
MC
MED
MOS
MPEG
MPS
MSE
PCSE
PLCC
PNG
POC
PSNR
Q
QP
RA
RD
RDO
RExt
RMSE
S
SEI
SELC
SHVC
SL
SNR
SROCC
SSIM
SVC
SWP
T
TIFF
TLP
TR
VIF
VLC

Abbreviations and Acronyms
Least Probable Symbol
Lookup table
Megabits per second
Motion Compensation
Median Edge Detector
Mean Opinion Score
Moving Picture Experts Group
Most Probable Symbol
Mean Squared Error
Perceived Chrominance Sub-sampling Error
Pearson Linear Correlation Coefficient
Portable Network Graphics
Picture Order Count
Peak Signal-to-Noise Ratio
Quantization
Quantization Parameter
Random Access Main
Rate-Distortion
Rate-Distortion Optimization
Range Extensions
Root Mean Squared Error
Scaling
Supplemental Enhancement Information
Sample-based weighted prediction for EL Coding
Scalable High Efficiency Video Coding
Single-Layer
Signal-to-Noise Ratio
Spearman Rang-Order Correlation Coefficient
Structural Similarity Index Measure
Scalable Video Coding
Sample-based Weighted Prediction
Transform
Tagged Image File Format
Temporal LUT Prediction
Truncated Rice
Visual Information Fidelity
Variable-Length Code
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Conventions, Operations, and
Mathematical Symbols
Conventions
The following conventions are used throughout the thesis:
• Scalars are denoted by non-bold characters
• Vectors are denoted as bold-face lower-case characters
• Matrices are denoted by bold-face upper-case characters
• Sets are written in calligraphic font
• Signals in the Y0 CbCr 4:2:0 domain are marked by the check symbol (ˇ)
• Signals in the Y0 CbCr 4:4:4 domain that have been reconstructed from the Y0 CbCr
4:2:0 domain are marked by the tilde symbol (˜)
• Uncoded signals are denoted by the character u
• Decoded signals corrupted by lossy compression are denoted by the character v

Mathematical Operations
|·|
∗
b·c
min
MSE
PCSE
PSNR
PSNRR0 G0 B0

Cardinality of a set
Two-dimensional convolution operator
Floor operator
Minimum of two arguments
Mean squared error between two single-component images
Perceived chrominance sub-sampling error between two images
Peak signal-to-noise ratio between two single-component images
Peak signal-to-noise ratio between two R0 G0 B0 images
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round
sign
T

Conventions, Operations, and Mathematical Symbols
Rounding to nearest integer
Algebraic sign
Transpose operator

Mathematical Symbols
A
a
a
AI
α
aq
B0
B
B
b
β
BI
CB
CR
D
D
dC
dCB
dCR
∆r
ě
ěq
D
EPCSE
D
ĒPCSE
F
EPCSE
F
ĒPCSE
ε
G0
Gh
Gv

Color space conversion matrix from R0 G0 B0 to Y0 CbCr format
Additive vector for color space conversion from R0 G0 B0 to Y0 CbCr format
General scalar value that is quantized
Color space conversion matrix from R0 G0 B0 to Y0 CbCr format for integer
arithmetics
Smothing factor for computation of sa
Quantized general scalar value a
Label for the blue color component
Block domain
Color space conversion matrix from Y0 CbCr to R0 G0 B0 format
Element of the bin string denoted as bin
Bit depth
Color space conversion matrix from Y0 CbCr to R0 G0 B0 format for integer
arithmetics
Label for the difference blue color component of the digitized/quanized signal
Label for the difference red color component of the digitized/quanized signal
Set of chroma differences dC in block B
Distortion
Tuple of chroma differences between uncoded Y0 CbCr 4:4:4 and coded
Y0 CbCr 4:2:0 signal
CB signal component of dC
CR signal component of dC
Quality (PSNR or PCSE) delta per relative rate increase
Prediction error signal
Quantized prediction error signal ě
Pixel-wise PCSE detector
Average PCSE detector
Pixel-wise PCSE forecast
Average PCSE forecast
Maximum absolute error for near-lossless coding
Label for the green color component
Image gradient in horizontal direction
Image gradient in vertical direction

Conventions, Operations, and Mathematical Symbols
hD
hI
J
k
kB
kG
kR
L∗
λ
m
M
M
Mṽ
n
N
np
ns
o
P ṽ,dC
p
PB
p̌
PR
qa
q̌e
QEL
QVP9
R0
R
ř
řq
RBL
REL
s
S
sa
S̃
t
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Decimation filter for chroma sub-sampling
Interpolation filter for chroma reconstruction
Rate-distortion costs
Binarization parameter for GR and EG coding
Color conversion coefficient for the blue component
Color conversion coefficient for the green component
Color conversion coefficient for the red component
Commission Internationale de l’Éclairage (CIE) or International Commission
on Illumination (CIE) lightness
Lagrange multiplier
Spatial coordinate in vertical direction
Image height
Set of mappings in block B
Set of mappings in block B for specific ṽ
Spatial coordinate in horizontal direction
Image width
Prefix length
Suffix length
Offset parameter for EL quantizer deadzone control
Set of positions x in block B where the combination of ṽ and dC occurs
Probability of the argument
Label for the difference blue color component of the real-valued signal
Prediction signal
Label for the difference red color component of the real-valued signal
Quantization index of the general scalar value a
Quantization indizes of the prediction error signal ě
EL quantization parameter
VP9 quantization parameter (argument to the - -cq-level option)
Label for the red color component
Rate
Residual signal
Quantized residual signal ř
Rate of the BL
Rate of the EL
General syntax element
Image sharpness of Y0 CbCr 4:4:4 image
Weighted moving average of a general syntax element
Image sharpness of Y0 CbCr 4:2:0 image
Discrete time index
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t0
t−1
u
U
u
uC
ǔ
u∗
ũ
ũC
u R0 G 0 B 0
V
v
V
v̌
v†
v̂
v̂R0 G0 B0
ṽ
ṽC
ṽR0 G0 B0
x
X
Y0
Z

Conventions, Operations, and Mathematical Symbols
Index of current frame
Index of previous frame
Digitized/quantized component of the original uncoded video signal
Real-valued signal component in range [0, 1] (R0 , G0 , B0 , Y0 ) or [−0.5, 0.5]
(PB , PR )
Uncoded video signal in the Y0 CbCr 4:4:4 format
Chroma signal components of u
Uncoded but chroma sub-sampled video signal in the Y0 CbCr 4:2:0 format
Uncoded video signal with low-pass-filtered chroma components in the
Y0 CbCr 4:4:4 format
Uncoded chroma sub-sampled video signal up-sampled back to the Y0 CbCr
4:4:4 format
Chroma signal components of ũ
Uncoded video signal in the R0 G0 B0 format
Set of decoded BL color tuples ṽ in block B
Digitized/quantized component of the decoded video signal
Real-valued decoded signal component in range [0, 1] (R0 , G0 , B0 , Y0 ) or
[−0.5, 0.5] (PB , PR )
Decoded chroma sub-sampled video signal in the Y0 CbCr 4:2:0 format
Decoded video signal with chroma components up-sampled to the full resolution by zero insertion
EL output video signal in the Y0 CbCr 4:4:4 format
EL output video signal in the R0 G0 B0 format
Decoded video signal in the Y0 CbCr 4:4:4 format
Chroma signal components of ṽ
Decoded video signal in the R0 G0 B0 format
Two dimensional spatial coordinate
Image domain
Label for the luma color component
The set of integer numbers
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(left) and versus the ĒPCSE
(right) from [HWF+ 17]. The least squares regression lines utilized for the
RMSE calculation in Table 6.1 are plotted in black. . . . . . . . . . . . .
F
D
Visualization of the pixel-wise metrics EPCSE
(c) and EPCSE
(d) within the
image part of the LMI_CAD sequence from Misc show in (a); The top right
F
part (b) shows where both metrics are zero (gray), where EPCSE
[x] > 0 but
D
F
D
EPCSE [x] = 0 (green), and where both EPCSE [x] and EPCSE [x] are greater
than zero (blue). . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .
Illustration of the three considered variants of sub-sampled chroma positions in relation to the high-resolution (luma) positions . . . . . . . . . .

. 78

. 83

. 84

. 86
. 88

168

List of Figures

6.6

Comparison of the filter combinations listed in Table 6.2 in terms of PSNRR0 G0 B0
D
D
(a) and ĒPCSE
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