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18.1 INTRODUCTION
The compression or coding of a signal (e.g., speech, text, image, video) has been a topic
of great interest for a number of years. Source compression is the enabling technology
behind the multimedia revolution we are experiencing. The two primary applications for
data compression are storage and transmission.

Video transmission is the topic of this chapter. Video transmission applications have
various forms such as multimedia telephony, multimedia messaging service (MMS),
video on demand, and streaming. Different applications have different delay constraints
and different quality of service (QoS) requirements, and thus call for different coding
schemes and transmission techniques. In this chapter, we mainly discuss the study of
video streaming over wireless channels, where error-resilient source coding is generally
required since streaming services usually use unreliable transmission protocols [1]. In
addition, power efficiency is the key for successful deployment of wireless video streaming
applications. Particularly, we focus on how video signals should be efficiently coded and
transmitted over wireless channels to achieve the best possible quality.

In an increasing number of applications, video is transmitted to and from portable
wireless devices, such as cellular phones, laptop computers connected to wireless local area
networks (WLANs), and cameras in surveillance and environmental tracking systems.
For example, the dramatic increase in bandwidth brought by new technologies such as the
present third-generation (3G) and the emerging fourth-generation (4G) wireless systems,
and the IEEE 802.11 WLAN standards is beginning to enable video streaming in personal
communications. Although wireless video communications are highly desirable in many
applications, there are two major limitations in any wireless system: the hostile radio
environment, including noise, time-varying channels, and abundant electromagnetic
interference, and dependence of mobile devices typically on a battery with a limited
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energy supply. Such limitations are especially of a concern for video transmission because
of the high bit rate and high energy consumption rate in encoding and transmitting video
bitstreams. Thus, the efficient use of bandwidth and energy becomes highly important
in the deployment of wireless video applications.

To design an energy-efficient communication system, the first issue is to understand
how energy is consumed in mobile devices. Energy in mobile devices is mainly used for
computation, transmission, display, and driving speakers. Among those, computation
and transmission are the two largest energy consumers. During computation, energy is
used to run the operating system software and to encode and decode the audio and video
signals. During transmission, energy is used to transmit and receive the RF audio and
video signals. It should be acknowledged that computation has always been a critical
concern in wireless communications. For example, energy-aware operating systems have
been studied to efficiently manage energy consumption by adapting the system behavior
and workload based on the available energy, job priority, and constraints. Computa-
tional energy consumption is especially a concern for video transmission, because motion
estimation and compensation, forward and inverse DCT (IDCT) transformations, quan-
tization, and other components in a video encoder, all require a significant number of
calculations. Energy consumption in computation has been addressed in [2], where a
power-rate-distortion model has been proposed to study the optimal trade-off between
computation power, transmission rate, and video distortion. Nonetheless, advances in
VLSI design and integrated circuit (IC) manufacturing technologies have led to ICs
with increasingly high integration densities while using less power. According to Moore’s
Law, the number of transistors on an IC doubles every 1.5 years. As a consequence,
the energy consumed in computation is expected to become a less significant fraction
of the total energy consumption. Therefore, we concentrate primarily on transmission
energy.

In this chapter, we focus on the last hop of a wireless network. Specifically, we focus on
the situation where video is captured and transmitted from a mobile wireless device to the
base station, which is likely to be the bottleneck of the whole video transmission system.
Such mobile wireless devices typically rely on a battery with a limited energy supply. In
this case, the efficient utilization of transmission energy is a critical design consideration
[3]. Thus, the overall problem is how to encode a video source and transmit it to the
base station in an energy efficient and error resilient way. To study error resiliency, we need
to understand how video is encoded and transmitted over wireless channels.

In a video communication system, the video is first compressed and then segmented
into fixed or variable length packets and multiplexed with other types of data, such as
audio. Unless a dedicated link that can provide a guaranteed QoS is available between the
source and the destination, data bits or packets may be lost or corrupted due to either
traffic congestion or bit errors due to impairments of the physical channels. Such is the
case, for example, with the current Internet and wireless networks. Due to its best effort
design, the current Internet makes it difficult to provide the QoS, such as bandwidth,
packet loss probability, and delay needed by video communication applications. Fading,
multipath, and shadowing effects, in wireless channels result in a much higher bit error
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FIGURE 18.1

Illustration of the effect of channel errors on a video stream compressed using the H.263 stan-
dard: (a) Original frame; Reconstructed frame at (b) 3% packet loss (c) 5% packet loss (d) 10%
packet loss (QCIF Foreman sequence, frame 90, coded at 96 kbps and frame rate 15 fps).

rate (BER) and consequently an even lower throughput than wired links. Figure 18.1
illustrates the effect of channel errors on a typical compressed video sequence in the
presence of packet loss.

Due to the “unfriendliness” of the channel to the incoming video packets, the packets
have to be protected so that the best possible quality of the received video is achieved at the
receiver. A number of techniques, which are collectively called error resilient techniques,
have been devised to combat transmission errors. They can be grouped into [4] (i) those
introduced at the source and channel coder to make the bit stream more resilient to
potential errors; (ii) those invoked at the decoder upon detection of errors to conceal the
effects of errors, and (iii) those which require interactions between the source encoder
and decoder so that the encoder can adapt its operations based on the loss conditions
detected at the decoder.

A number of reasons make the error resiliency problem a challenging one. First,
compressed video streams are sensitive to transmission errors because of the use of
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predictive coding and variable-length coding (VLC) by the source encoder. Due to the
use of spatiotemporal prediction, a single bit error can propagate in space and time.
Similarly, because of the use of VLCs, a single bit error can cause the decoder to loose
synchronization so that even successfully received subsequent bits become unusable.
Second, both the video source and the channel conditions are time varying, and therefore,
it is not possible to derive an optimal solution for a specific transmission of a given
video signal. Finally, severe computational constraints are imposed for real-time video
communication applications.

The development of error resilient approaches or approaches for increasing the
robustness of the multimedia data to transmission errors is a topic of utmost impor-
tance and interest. To make the compressed bit stream resilient to transmission errors,
redundancy must be added into the stream. Such redundancy can be added either by the
source or by the channel coder. Shannon said it fifty years ago [5] that source coding
and channel coding can be separated for optimal performance communication systems.
The source coder should compress a source to a rate below the channel capacity while
achieving the smallest possible distortion, and the channel coder should add redundancy
through forward error correction (FEC) to the compressed bit stream to enable the cor-
rection of transmission errors. The application of Shannon’s separation theory resulted
in major advances on source coding (e.g., rate-distortion optimal coders and advanced
entropy coding algorithms) and channel coding (e.g., Reed–Solomon codes, Turbo codes,
and Tornado codes). The separation theory not only promises that the separate design
of source and channel coding does not introduce any performance sacrifice but it also
greatly reduces the complexities of a practical system design. However, the assumptions
on which separation theory is based (infinite length codes, delay, and complexity) may
not hold in a practical system. This leads to the joint consideration of source coding
and channel coding, referred to as joint source-channel coding (JSCC), to deal with
the time-varying channel and time-varying source. JSCC can greatly improve the sys-
tem performance when there are, for example, stringent end-to-end delay constraints or
implementation complexity concerns.

Recently, several adaptation techniques have been proposed specifically for energy effi-
cient wireless video communications [6–8]. A trend in this field of research is the joint
adaptation of source coding and transmission parameters based on the time-varying
source content and channel conditions, which generally requires a “cross-layer” opti-
mization perspective [9]. Specifically, the lower layers in a protocol stack, which directly
control transmitter power, need to obtain knowledge of the importance level of each
video packet from the video encoder located at the application layer. In addition, it can
also be beneficial if the source encoder is aware of the estimated channel state informa-
tion (CSI) that is available at the lower layers, as well as of which channel parameters at
the lower layers can be controlled so that it can make smart decisions in selecting the
source coding parameters to achieve the best video delivery quality. For this reason, joint
consideration of video encoding and power control is a natural way to achieve the highest
efficiency in transmission energy consumption.

Our purpose in this chapter is to review the basic elements of some of the more
recent approaches towards JSCC for wireless video transmission systems. As mentioned
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above, we limit our discussion to the wireless video streaming application, which gen-
erally require relatively strict end-to-end delay constraints. The rest of the chapter is
organized as follows. We first provide basic rate-distortion (RD) definitions in address-
ing the need for JSCC in Section 18.2. We then describe the basic components in a video
compression and transmission systems in Section 18.3, followed by a discussion on chan-
nel coding techniques that are widely used for video communications in Section 18.4. In
Section 18.5, the JSCC problem formulation is presented, followed by examples of several
practical implementations. In Section 18.6, we cover distributed multimedia commu-
nications over different wireless network architectures, including point-to-multipoint
networks, peer-to-peer (P2P) networks, and multihop networks. Finally, Section 18.7
contains concluding remarks.

18.2 ON JOINT SOURCE-CHANNEL CODING
Due to the high bandwidth of the raw video data, lossy compression is generally required
to reduce the source redundancy for video transmission applications. It is well known
that the theoretical bound for lossless compression is the entropy of the source. In the
same way entropy determines the lowest possible rate for lossless compression, RD theory
[5, 10] addresses the same question for lossy compression.

18.2.1 Rate-Distortion Theory
A high-level block diagram of a communication system is shown in Fig. 18.2. In this
diagram, X and X̂ represent, respectively, the source and reconstructed signals, Xs and
X̂s the source encoder output and the source decoder input, and Xc and X̂c the channel
encoder output and the channel decoder input.

Rate is defined as the average number of bits used to represent each sample value.
The general form of the source distortion D can be written as

D �
∑
xi ,x̂j

d(xi , x̂j )p(xi)p(x̂j |xi), (18.1)

where d(xi , x̂j) is the distortion metric, p(xi) the source density, and p(x̂j |xi) the condi-

tional probability of the reconstructed value x̂j ∈ X̂ , given knowledge of the input to the
encoder xi ∈ X . Since the source probabilities are solely determined by the source and the
distortion metric is decided ahead of time depending on the application, the distortion

Source
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encoder

Source
decoder

Channel
decoder

Channel
Channel
encoder

User
X Xs Xc Xc Xs X

^ ^ ^

FIGURE 18.2

Block diagram of a communication system.
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is a function only of the conditional probabilities p(x̂j |xi), which represent a description
of the compression scheme. We can therefore define the set �D of compression schemes,
which will result in distortion D less than some value D∗ as

�D �
{{p(x̂j |xi)} : D({p(x̂j |xi)}) � D∗}

. (18.2)

The central entity of RD theory is the RD function R(D), which provides the theoret-
ical information bound on the rate necessary to represent a certain source with a given
fidelity or average distortion. It is given by [5]:

R(D) � min
{p(x̂j |xi )}∈�D

I (X ; X̂), (18.3)

where I (X ; X̂) is the average mutual information between X and X̂ .
The RD function R(D) has some nice properties, for example, it is a nonincreasing

convex function of D. It can be used to find the minimum bit rate for a certain source
with a given distortion constraint, as expressed by (18.3). Conversely, it can also be used
to determine the information theoretical bounds for the average distortion subject to a
source rate constraint, R∗, via the distortion-rate function, defined as

D(R) � min
{p(x̂j |xi )}∈�R

D(X ; X̂), (18.4)

where R is the average source rate and

�R �
{{p(x̂j |xi)} : R({p(x̂j |xi)}) � R∗}

. (18.5)

Note that the D(R) function may be more widely applicable in practical image/video
communication systems since, as a practical matter, the aim is usually to deliver the best
quality image/video subject to a certain channel bandwidth. RD theory is of fundamental
importance in that it conceptually provides the information bounds for lossy data com-
pression. However, RD theory only tells us that R(D) exists but not how to achieve it in
general (except for a few special cases such as the case of a Gaussian source). In addition,
as already mentioned, it only addresses source coding. In a communication system where
the channel may introduce errors, we need ideal channel coding to ensure that Xs � X̂s

in order for (18.4) to be valid, where D(R) is interpreted as the end-to-end distortion
and R∗ as the channel capacity. Thus, there are several practical issues that prevent us
from obtaining the RD function or designing a system to achieve it. In the following two
sections, we discuss these issues.

18.2.2 Operational Rate-Distortion Theory
From (18.3), we see that R(D) is evaluated based on information which may not always
be available in practice. First, the source probability density function required to evaluate
the distortion, which in turn is needed in (18.3) or (18.4), is not typically available for
any given video segment. If a specific model is to be used, in general, it does not capture
well the spatiotemporal dynamics of the given video. Second, the minimization in (18.3)
or (18.4) is over all possible coders or conditional distributions p(x̂j |xi), which belong
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to �D or �R , respectively. In a practical coding environment, however, we want to use
RD theory to allocate resources to a specific video segment using a specific coder. In this
case, we usually only have a finite admissible set for p(x̂j |xi), as defined by the finite set of
encoding modes (e.g., intra or inter encoding, quantization step size, etc.). In addition,
it is usually difficult or simply impossible to find closed-form expressions for the R(D)

or D(R) functions for general sources. For these reasons, one has to resort to numerical
algorithms to specify the operational RD (ORD) function.

Let S be the set of admissible source coding parameters or modes, q, of a given coder.
Then, since the structure of the coder has been determined, each of the parameter choices
will lead to a pair of rate and distortion values. The lower bound of all these RD pairs is
referred to as the ORD function. The set of source coding parameters that result in the
ORD function can be formally defined as

UORDF � {q : q ∈ S ,R(q) � R(p) ⇒ D(q) < D(p),∀p ∈ S}. (18.6)

Clearly, the ORD function should be lower bounded by the RD function because the
former is obtained using a specific coder and the finite set S , which is a subset of the set
of source codes that achieve all conditional distributions p(x̂j |xi).

According to (18.6), the ORD function is a strictly decreasing function although it
may not be convex. However, if the size of the admissible set S is sufficiently large, the
ORD function will be closely approximated by the convex hull of all the operating points,
which is a convex function. The resulting convex hull approximation solution is very
close to the optimal solution if the set S is sufficiently large, which is usually the case in
video compression.

18.2.3 Practical Constraints in Video Communications
We can see from (18.3) that the process of finding the optimal compression scheme
requires searching over the entire set of conditional probabilities that satisfy the dis-
tortion constraint shown in (18.2). Under the assumption that the source encoder
output is identical to the source decoder input, that is, Xs � X̂s , the problem becomes
a pure source coding problem since the conditional probabilities p(x̂j |xi) have nothing
to do with the channel. However, such an assumption requires an ideal channel cod-
ing scheme such that error free transmission of the source output over a noisy channel
with source bit rate R(D) less than the channel capacity C , that is, R(D) < C , can be
guaranteed.

Such ideal channel coding generally requires infinite length code words, which can
only be realized without complexity and delay constraints, both of which are important
factors in practical real-time systems. Due to these constraints, most practical channel
coding schemes cannot achieve channel capacity and do not provide an idealized error
free communication path between the source and the destination. For this reason, the
overall distortion between X and X̂c consists of both source distortion and channel
distortion. Minimizing the total distortion usually requires joint design of the source and
channel encoders, which is referred to as JSCC.
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At the receiver side, gains may be realized by jointly designing the channel and source
decoders, which is referred to as joint source-channel decoding. In using joint source-
channel decoding, the channel decoder does not make hard decisions on the output X̂s .
Instead, the decoder makes soft decisions to allow the source decoder to make use of
information such as the signal-to-noise ratio (SNR) of the corrupted code. Alternatively,
such soft decisions can be regarded as hard decisions plus a confidence measure. Soft-
decision processing used in joint source channel decoding can usually help improve the
coding gain by about 2 dB compared to hard-decision processing [11]. In this chapter,
we focus only on JSCC.

18.2.4 Illustration
In Fig. 18.3, we plot several ORD functions for a practical system at different channel
error rates to illustrate the basic idea of JSCC. When the channel is error free, increased
bit rate leads to decreased distortion, as in standard RD theory. This is illustrated by the
lowest curve in the figure, in which the lowest distortion is obtained by using the largest
available source bit rate, represented by the point (R1, D1). However, when channel errors
are present, this trend may not hold since the overall distortion now (the vertical axis in
Fig. 18.3) consists of both source and channel distortion. Assuming that the transmission
rate is fixed, as more bits are allocated to source coding (the horizontal axis in Fig. 18.3),
fewer bits will be left for channel coding, which leads to less protection and higher channel
distortion. As shown in Fig. 18.3, an optimal point exists for which the allocation of the
available fixed transmission rate bits are optimally allocated between source and channel.

Distortion

Error rate

D3

D2

D1

R3 R2 R1
Rate

FIGURE 18.3

Illustration of joint source-channel coding.
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Note that different channel error rates result in different optimal allocations. This is
indicated by the points (R2, D2) and (R3, D3) on the two curves with different channel
error rates.

The trade-off between source and channel coding has been studied from a theoretical
standpoint based on the use of vector quantizers [12,13]. In general, JSCC is accomplished
by designing the quantizer and entropy coder jointly for given channel characteristics,
as in [12, 14]. There is a substantial number of research results in this area. Interested
readers can refer to [15] for a comprehensive review on this topic. In this chapter, we
focus on the specific application of JSCC in image and video communications, where
JSCC usually faces three tasks: finding an optimal bit allocation between source coding
and channel coding for given channel loss characteristics; designing the source coding to
achieve the target source rate; and designing the channel coding to achieve the required
robustness [16, 17]. These tasks, although stated separately, are inter-related, forming the
backbone of the integrated nature of JSCC.

We have discussed the basic concept underlying JSCC and its significance in
image/video communications. Next, we will first provide an overview of the video com-
pression and transmission systems. Then, we will highlight the key components of JSCC
for video applications, such as the different forms of error resilient source coding, channel
codes used to deal with different types of channel errors, the general problem formulation,
and the general solution approach. In addition to the commonly used video compression
standards, such as MPEGX and H.26X, we also briefly discuss wavelet and subband-based
video compression schemes, since they are also widely used.

18.3 VIDEO COMPRESSION AND TRANSMISSION
18.3.1 Video Transmission System
We begin by providing a brief high-level overview of a packet-based video transmission
system. Some of the major conceptual components found in such a system are shown in
Fig. 18.4.

Most practical communication networks have limited bandwidth and are lossy by
nature. Facing these challenges, the video encoder has two main objectives: to compress
the original video sequence and to make the encoded sequence resilient to errors. Com-
pression reduces the number of bits used to represent the video sequence by exploiting
both temporal and spatial redundancy. On the other hand, to minimize the effects of
losses on the decoded video quality, the sequence must be encoded in an error resilient
way. A recent review of error resilient video coding techniques can be found in [4]. The
source bit rate is shaped or constrained by a rate controller that is responsible for allo-
cating bits to each video frame or packet. This bit rate constraint is set based on the
estimated CSI reported by the lower layers, such as the application and transport layers.
It is mentioned here that the system in Fig. 18.4 is a simplified version of a seven or a five
layer Open Systems Interconnection (OSI) reference model. For example, in both OSI
models, the network, data link, and physical layers are below the transport layer. In the
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FIGURE 18.4

Video transmission system architecture.

subsequent sections, we will be referring to the various layers, since allowing the various
layers to exchange information leads to cross-layer design of a video communication
system, which is a central theme in this chapter.

In Fig. 18.4, the network block represents the communication path between the sender
and the receiver. This path may include routers, subnets, wireless links, etc. The network
may have multiple channels (e.g., a wireless network) or paths (e.g., a network with path
diversity), or support QoS (e.g., integrated services or differentiated services networks).
Packets may be dropped in the network due to congestion or at the receiver due to
excessive delay or unrecoverable bit errors in a wireless network. To combat packet losses,
parity check packets used for FEC may be generated at the application/transport layer. In
addition, lost packets may be retransmitted if the application allows.

For many source-channel coding applications, the exact details of the network infras-
tructure may not be available to the sender and they may not always be necessary. Instead,
what is important in JSCC is that the sender has access to or can estimate certain net-
work characteristics, such as the probability of packet loss, the transmission rate, and the
round-trip-time (RTT). In most communication systems, some form of CSI is available
at the sender, such as an estimate of the fading level in a wireless channel or the congestion
over a route in the Internet. Such information may be fed back from the receiver and can
be used to aid in the efficient allocation of resources.

On the receiver side, the transport and application layers are responsible for depacke-
tizing the received transport packets, channel decoding (if FEC is used), and forwarding
the intact and recovered video packets to the video decoder. The video decoder then
decompresses the video packets and displays the resulting video frames in real time
(i.e., the video is displayed continuously without interruption at the decoder). The video
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decoder typically employs error detection and concealment techniques to mitigate the
effects of packet loss. The commonality among all error concealment strategies is that
they exploit correlations in the received video sequence to conceal lost information.

18.3.2 Video Compression Basics
In this section, we focus on one of the most widely used video coding techniques, that of
hybrid block-based motion-compensated (HBMC) video coding. There are two main
families of video compression standards: the H.26X family and the Moving Picture
Experts Group (MPEG) family. These standards are application-oriented and address
a wide range of issues such as bit rate, complexity, picture quality, and error resilience.

The newest standard is H.264/AVC, aiming to provide the state-of-the-art compres-
sion technologies. It is the result of the merger between the MPEG-4 group and the ITU
H.26L committee in 2001, known as JVT (Joint Video Team), and is a logical extension of
the previous standards adopted by the two groups. Thus, it is also called H.264, AVC, or
MPEG-4 part 10 [18]. For an overview and comparison of the video standards, see [19].
It is important to note that all standards specify the decoder only, that is, they standard-
ize the syntax for the representation of the encoded bit stream and define the decoding
process but leave substantial flexibility in the design of the encoder. This approach to
standardization allows for maximizing the latitude in optimizing the encoder for specific
applications [18].

All the above-mentioned video compression standards are based on the HBMC
approach and share the same block diagram, as shown in Fig. 18.5. Each video frame
is presented by block-shaped units of associated luma and chroma samples (16 � 16
region) called MBs (macroblocks).

As shown in Fig. 18.5(a), the core of the encoder is motion-compensated prediction
(MCP). The first step in MCP is motion estimation (ME), aiming to find the region in
the previously reconstructed frame that best matches each MB in the current frame.1

The offset between the MB and the prediction region is known as the motion vector. The
motion vectors form the motion field, which is differentially entropy encoded. The second
step in MCP is motion compensation (MC), where the reference frame is predicted by
applying the motion field to the previously reconstructed frame. The prediction error,
known as the displaced frame difference (DFD), is obtained by subtracting the reference
frame from the current frame.

Following MCP, the DFD is processed by three major blocks, namely, transform,
quantization, and entropy coding. The key reason for using a transform is to decorre-
late the data so that the associated energy in the transform domain is more compactly
represented and thus the resulting transform coefficients are easier to encode. The dis-
crete cosine transform (DCT) is one of the most widely used transforms in image and
video coding due to its high transform coding gain and low computational complexity.

1The H.264/AVC standard supports more flexibility in the selection of motion-compensation block sizes
and shapes than any previous standards, with a minimum luma motion-compensation block size as
small as 4 � 4.
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FIGURE 18.5

Hybrid block-based motion-compensated video (a) encoder and (b) decoder.

Quantization introduces loss of information and is the primary source of the compres-
sion gain. Quantized coefficients are entropy encoded, for example, using Huffman or
arithmetic coding. The DFD is first divided into 8 � 8 blocks, and the DCT is then applied
to each block, with the resulting coefficients quantized.2 In most block-based motion-
compensated (BMC) standards, a given MB can be intraframe coded, interframe coded

2 While all major prior video coding standards use a transform block size of 8 � 8, the H.264/AVC standard
is based primarily on a 4 � 4 transform. In addition, instead of DCT, a separable integer transform with
similar properties to a 4 � 4 DCT is used.
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using MCP or simply replicated from the previously decoded frame. These prediction
modes are denoted as Intra, Inter, and Skip modes. Quantization and coding are per-
formed differently for each MB according to its mode. Thus, the coding parameters for
each MB are typically represented by its prediction mode and the quantization parameter.

At the decoder, as shown in Fig. 18.5(b), the IDCT is applied to the quantized DCT
coefficients to obtain a reconstructed version of the DFD; the reconstructed version of
the current frame is obtained by adding the reconstructed DFD to the MCP of the current
frame based on the previously reconstructed frame.

As H.264/AVC is the latest video compression standard and represents the state-of-
the-art technology in this area, we briefly highlight its major advancements with respect
to its predecessors. Compared to its predecessors, H.264/AVC improves in two aspects:
compression efficiency and error resiliency. We discuss the error resiliency aspects in
Section 18.3.5. H.264 improves on compression efficiency through the use of variable
block sizes for MC. This enables more localized motion prediction and better exploita-
tion of the temporal redundancies in the sequence during compression. This can also
be an important feature when combined with temporal error concealment techniques
that use the motion vectors of neighboring blocks to estimate the motion vector of a
lost block. Since, each macroblock can contain up to 16 motion vectors, more flexibility
is available in choosing a candidate concealment motion vector for a lost macroblock.
Another improvement in H.264 is that the accuracy of ME is improved to quarter-pixel
resolution for the luma component of the video signal. H.264 also provides for the use
of an in-loop adaptive deblocking filter. In-loop refers to the fact that the deblocking
filter is applied to each picture prior to using the picture as a reference for prediction
of subsequent pictures in the sequence. In addition to improving perceptual quality, the
deblocking filter also improves compression efficiency since it generates a more accu-
rate reference frame that can be used for MC of subsequent frames. Another significant
compression feature of H.264/AVC is that it uses spatial prediction from neighboring
macroblocks for the encoding of intra macroblocks. Then, only the residual signal is
transform coded. While this form of prediction achieves greater compression efficiency,
it can lead to error propagation if the spatially neighboring macroblocks are intercoded
and use unreliable reference blocks for MC. Therefore, in packet lossy channels, a con-
strained intraprediction mode, which stipulates that only pixels from other intracoded
macroblocks can be used for intraspatial prediction, can be employed at the encoder.
Unlike in previous video compression standards, H.264 allows for MC of bipredictive
(B) coded pictures from previously coded B pictures in the sequence. In addition to
greater compression efficiency, this also enables temporal scalability through hierarchical
biprediction, which is a useful feature for scalable video coding (SVC).3

An important advancement in video compression related to H.264/AVC is the recently
standardized SVC extension [20]. SVC results in a bit stream that offers progressive
refinement of video quality by dynamically adapting the source rates to changing net-
work and channel conditions. SVC uses hierarchical prediction for progressive refinement

3H.264 also enables hierarchical prediction structures with inter (P) coded pictures.
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of temporal resolution. Quality (SNR) scalability of the bit stream is obtained using a
coarse-grained scalability (CGS) approach in which each additional enhancement layer
corresponds to a specified increase in quality. Another approach termed medium-grained
scalability (MGS) is also available in SVC by which greater flexibility in quality refine-
ment is offered. Spatial scalability is also offered in SVC through the use of a multilayered
structure. SVC uses a number of interlayer prediction schemes to improve the compres-
sion efficiency of the spatially scalable bit stream. Overall, the SVC extension provides a
number of significant advancements over previous SVC efforts and provides a promising
platform for the development of network/channel adaptive wireless video transmission
schemes.

During the last decade, the discrete wavelet transform (DWT) and subband decom-
position have gained increased popularity in image coding due to the substantial
contributions in [21, 22], JPEG2000 [23], and others. Recently, there has also been active
research applying the DWT to video coding [24–27]. Among the above studies, 3D wavelet
or subband video codecs have received special attention due to their inherent feature of
full scalability [26, 27]. Until recently, the disadvantage of these approaches has been their
poor coding efficiency caused by inefficient temporal filtering. A major breakthrough
which has greatly improved the coding efficiency and led to renewed efforts toward the
standardization of wavelet-based scalable video coders has come from the contributions
of combining lifting techniques with 3D wavelet or subband coding [28, 29].

18.3.3 Channel Models
The development of mathematical models that accurately capture the properties of a
transmission channel is a very challenging but extremely important problem. For video
applications, two fundamental properties of the communication channel are the prob-
ability of packet loss and the delay needed for each packet to reach the destination. In
wired networks, channel errors usually appear in the form of packet loss and packet
truncation. In wireless networks, besides packet loss and packet truncation, bit error is
another common source of error. Packet loss and truncation are usually due to network
traffic and clock drift, whereas bit corruption is due to the noisy air channel [30].

18.3.3.1 Internet
In the Internet, queuing delays experienced in the network can be a significant delay
component. The Internet, therefore, can be modeled as an independent time-invariant
packet erasure channel with random delays, as in [31]. In real-time video applications,
a packet is typically considered lost and discarded if it does not arrive at the decoder
before its intended playback time. Thus, the packet loss probability is made up of two
components: the packet loss probability in the network and the probability that the packet
experiences excessive delay. Combining these two factors, the overall probability of loss
for packet k is given by

�k � �k � (1 � �k )P{	Tn(k) > �},
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where �k is the probability of packet loss in the network, 	Tn(k) is the network delay for
packet k, and � is the maximum allowable network delay for this packet.

18.3.3.2 Wireless Channel
Compared to their wireline counterparts, wireless channels exhibit higher BERs, typically
have a smaller bandwidth, and experience multipath fading and shadowing effects. At
the IP level, the wireless channel can also be treated as a packet erasure channel, as it is
seen by the application. In this setting, the probability of packet loss can be modeled by a
function of transmission power used in sending each packet and the CSI. Specifically, for a
fixed transmission rate, increasing the transmission power will increase the received SNR
and result in a smaller probability of packet loss. This relationship could be determined
empirically or modeled analytically. For example, in [32], an analytical model based
on the notion of outage capacity is used. In this model, a packet is lost whenever the
fading realization results in the channel having a capacity less than the transmission
rate. Assuming a Rayleigh fading channel, the resulting probability of packet loss is
given by

�k � 1 � exp

(
1

Pk S(�k )
(2R/W � 1)

)
,

where R is the transmission rate (in source bps), W the bandwidth, Pk the transmission
power allocated to the kth packet, and S(�k) the normalized expected SNR given the
fading level, �k . Another way to characterize channel state is to use bounds for the BER
with regard to a given modulation and coding scheme; for example, in [33, 34], a model
based on the error probability of binary phase-shift keying (BPSK) in a Rayleigh fading
channel is used.

18.3.4 End-to-End Distortion
In an error prone channel, the reconstructed images at the decoder usually differ from
those at the encoder due to random packet losses, as shown in Fig. 18.6. Even with the
same channel characteristics, the reconstruction quality at the decoder may vary greatly
based on the specific channel realization, as indicated in Figs 18.6(c) and 18.6(d). In
this case, the most common metric used to evaluate video quality in communication
systems is the expected end-to-end distortion, where the expectation is with respect
to the probability of packet loss. The expected distortion for the kth packet can be
written as

E[Dk ] � (1 � �k )E[DR,k ] � �k E[DL,k ], (18.7)

where E[DR,k ] and E[DL,k ] are the expected distortion when the kth source packet
is either received correctly or lost, respectively, and �k is its loss probability. E[DR,k ]
accounts for the distortion due to source coding as well as error propagation caused
by interframe coding, while E[DL,k ] accounts for the distortion due to concealment.
Predictive coding and error concealment both introduce dependencies between packets.
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(a) (b)

(c) (d)

FIGURE 18.6

(a) Illustration of effect of random channel errors to a video stream compressed using the H.263
standard. (a) Original frame; (b) Reconstructed frame at the encoder; and reconstructed frame
at the decoder (c) simulation 1 (d) simulation 2 (QCIF Foreman sequence, frame 92, coded with
96 kbps, frame rate 15 fps, and packet loss probability 10%).

Because of these dependencies, the distortion for a given packet is a function of how
other packets are encoded as well as their probability of loss. Accounting for these com-
plex dependencies is what makes the calculation of the expected distortion a challenging
problem.

Methods for accurately calculating the expected distortion have recently been pro-
posed [16, 35]. With such approaches, it is possible, under certain conditions, to accurately
compute the expected distortion with finite storage and computational complexity by
using per-pixel accurate recursive calculations. For example, in [35], a powerful algo-
rithm called ROPE is developed, which efficiently calculates the expected mean squared
error by recursively computing only the first and second moments of each pixel in
a frame. Model-based distortion estimation methods have also been proposed (e.g.,
[36–38]), which are useful when the computational complexity and storage capacity are
limited.
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18.3.5 Error Resilient Source Coding
If source coding removes all the redundancy in the source symbols and achieves entropy,
a single error occurring at the source will introduce a great amount of distortion. In
other words, ideal source coding is not robust to channel errors. In addition, designing
an ideal or near-ideal source coder is complicated, especially for video signals, as they
are usually not stationary, they have memory, and their stochastic distribution may not
be available during encoding (especially for live video applications). Thus, redundancy
certainly remains after source coding. JSCC should not aim to remove the source redun-
dancy completely but should make use of it and regard it as an implicit form of channel
coding [15].

The redundancy added should prevent error propagation, limit the distortion caused
by packet losses, and facilitate error detection, recovery, and concealment at the receiver.
To “optimally” add redundancy during source coding so as to maximize error resilience
efficiency, error resilient source coding should adapt to the application requirements such
as computational capacity, delay requirements, and channel characteristics.

As discussed above, MC introduces temporal dependencies between frames, which
leads to errors in one frame propagating to future frames. In addition, the use of spatial
prediction for the coding of the DC coefficients and motion vectors introduces spatial
dependencies within a picture. Because of the use of MC, an error in one part of a picture
will not only affect its neighbors in the same picture but also the subsequent frames. The
solution to error propagation is to terminate the dependency chain. Techniques such as
reference picture selection (RPS), intra-MB insertion, independent segment decoding,
video redundancy coding (VRC), and multiple description coding (MDC) are designed
for this purpose. A second approach towards error resilience is to add redundancy at
the entropy coding level. Examples include reversible VLCs (RVLCs), resynchronization
and data partitioning techniques, which can help limit the error propagation effect to a
smaller region of the bit stream once the error is detected. The third type of error resilient
source coding tools help with error recovery or concealment of the error effects, such as
flexible macroblock ordering (FMO).

Finally, scalable coding or layered video coding, although designed primarily for the
purpose of transmission, along with computation and display scalability in heteroge-
neous environments, produces a hierarchy of bit streams, where the different parts of an
encoded stream have unequal contributions to the overall quality. Scalable coding has
inherent error resilience benefits, especially if the layered property can be exploited in
transmission, where, for example, available bandwidth is partitioned to provide unequal
error protection (UEP) for different layers with different importance. This approach is
commonly referred to as layered coding with transport prioritization [39]. Temporal, spa-
tial, and SNR scalability are supported by many standards, that is, in H.263+ Annex O
[40], the Fine Granular Scalability (FGS) in MPEG-4 [41], H.264/AVC [42], and the SVC
extension of H.264/AVC [20].

Next, we briefly highlight the error resilience features offered by H.263+, H.263++,
and H.264/AVC. The general techniques described above will not be repeated even if they
are covered by the two standards.
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18.3.5.1 Slice Structure
This mode is defined in H.263+ Annex K replacing the GOB concept in baseline H.263.
Each slice in a picture consists of a group of MBs, and these MBs can be arranged
either in scanning order or in a rectangle shape. The reason why this mode provides
error resilience can be justified in several ways. First, slices are independently decodable
without using information from other slices (except for the information in the picture
header), which helps limit the region affected by errors and reduce error propagation.
Second, the slice header itself serves as a resynchronization marker, thus, further reducing
the loss probability for each MB. Third, slice sizes are highly flexible and can be sent and
received in any order relative to each other, which can help minimize latency in lossy
environment. For these reasons, this mode is also defined in the H.264/AVC standard.

18.3.5.2 Independent Segment Decoding
The independent segment decoding mode is defined in H.263+ Annex R. In this mode,
picture segment (defined as a slice, a GOB, or a number of consecutive GOBs) boundaries
are enforced by not allowing dependencies across the segment. This mode limits error
propagation between well-defined spatial parts of a picture, thus enhancing the error
resiliency capabilities.

18.3.5.3 Reference Picture Selection
The RPS mode is defined in H.263+ Annex N, which allows the encoder to select an
earlier picture rather than the immediate previous picture as the reference in encoding
the current picture. The RPS mode can also be applied to individual segments rather
than full pictures. The information as to which picture is selected as the reference is
conveyed in the picture/segment header. The VRC technique discussed above can be
achieved through this mode.

When a feedback channel is available, the error resilience capability can be greatly
enhanced by using this mode. For example, if the sender is informed by the receiver
through a NACK that one frame is lost or corrupted during transmission, the encoder
may choose not to use this picture for future prediction and instead choose an unaffected
picture as the reference. If a feedback channel is not available, this mode can still be used
to provide error resiliency capability, for example, through the VRC scheme discussed
above.

18.3.5.4 Flexible Macroblock Ordering
In the H.264/AVC standard, each slice group is a set of MBs defined by a macroblock to
slice group map, which specifies the slice group to which each macroblock belongs. The
MBs in one slice group can be in any scanning pattern, for example, interleaved mapping,
the group can contain one or more foreground and background slices and the mapping
can even be a checker-board type mapping. In addition, each slice group itself can be
partitioned into one or more slices, following the raster scan order. Thus, FMO provides
a very flexible tool to group MBs from different locations into one slice group, which can
help deal with error-prone channels.
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Note that besides the above description, the FEC mode (Annex H)4 is also designed
for supporting error resilience [40]. As FEC refers to channel coding, we will discuss it
in detail in the next section (as we can see here, the interface between source coding and
channel coding becomes vague). As mentioned above, H.263+ Annex O defines temporal,
spatial, and SNR scalability, and H.263++ defines data partitioning and RVLC modes in
providing error resilience.

As for the H.264/AVC standard, it defines two new frame types called SP- and
SI-frames, which can provide functionalities such as bit-stream switching, splicing, ran-
dom access, error recovery, and and error resiliency [43]. This new feature can ensure
drift-free switching between different representations of a video content that use different
data rates. H.264/AVC also defines a new mode called redundant pictures, which increases
error robustness by sending an additional representation of regions of pictures for which
the primary representation has been lost. In addition to the above error, resiliency tools
defined in video coding layer (VCL), there are some other advanced features to improve
error resilience defined in the network abstraction layer (NAL), such as parameter set
and NAL unit syntax structures. In using the parameter set structure, the key information
such as sequence header or picture header can be separately handled in a more flexible
and specialized manner so as to be robust to losses. A detailed discussion can be found
in [18].

18.4 CHANNEL CODING
In this section, we discuss the channel coding techniques that are widely used for the
transmission of images and video. Two basic techniques used for video transmission are
FEC and Automatic Repeat reQuest (ARQ). Each has its own benefits with regard to error
robustness and network traffic load [44, 45].

As the name indicates, FEC refers to techniques in which the sender adds extra infor-
mation known as check or parity information to the source information to make the
transmission more robust to channel errors; the receiver analyzes the parity information
to locate and correct errors. FEC techniques have become an important channel coding
tool used in modern communication systems. One advantage of FEC techniques is that
they do not require a feedback channel. In addition, these techniques improve system
performance at significantly lower cost than other techniques aiming to improve channel
SNR, such as increased transmitter power or antenna gain [15].

Of the two error correction techniques, FEC is usually preferred in real-time video
applications because of the delay requirements of these applications. Also, ARQ may not
be appropriate for multicast scenarios due to their inherent scalability problems [4, 17].
This is because retransmission typically benefits only a small portion of receivers while all
others wait unproductively, resulting in poor throughput. For these reasons, FEC-based

4The FEC mode is designed for Integrated Service Digital Network (ISDN) by using the BCH (511, 492)
FEC code.
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techniques are currently under consideration by the Internet Engineering Task Force
(IETF) as a proposed standard in supporting error resilience [46].

The error detection/correction capability of FEC is limited due to the restrictions on
the block-size dictated by the application’s delay constraints. In addition, the appropriate
level of FEC usually depends heavily on the accurate estimation of the channel’s behavior.
ARQ, on the other hand, can automatically adapt to the channel loss characteristics by
transmitting only as many redundant packets as are lost. Compared to FEC, ARQ can
usually achieve a level closer to channel capacity. Of course, the trade-off is that larger
delays are introduced by ARQ. Thus, if the application has a relatively loose end-to-end
delay constraint (e.g., on-demand video streaming), ARQ may be better suited. Even for
real-time applications, delay constrained application-layer ARQ has been shown to be
useful in some situations [31, 44, 47].

18.4.1 Forward Error Correction
The choice of the FEC method depends on the requirements of the system and the nature
of the channel. For video communications, FEC can usually be applied across packets
(at the application or transport layer) and within packets (at the link layer) [48]. In
interpacket FEC, parity packets are usually generated in addition to source packets to
perform cross-packet FEC, which is usually achieved by erasure codes. At the link layer,
redundant bits are added within a packet to perform intrapacket prediction from bit
errors.

The Internet can usually be modeled as a packet erasure channel [17, 30, 31]. For
Internet applications, many researchers have considered using erasure codes to recover
packet losses [49]. With such approaches, a video stream is first partitioned into segments
and each segment is packetized into a group of m packets. A block code is then applied
to the m packets to generate additional l redundant packets (also called parity packets)
resulting in a n-packet block, where n � m � l . With such a code, the receiver can recover
the original m packets if a sufficient number of packets in the block are received. The
most commonly studied erasure codes are Reed–Solomon (RS) codes [50]. They have
good erasure correcting properties and are widely used in practice, as for example in
storage devices (VCD, DVD), mobile communications, satellite communications, digital
television, and high-speed modems (ADSL) [49]. Another class of erasure codes that
have recently been considered for network applications are Tornado codes, which have
slightly worse erasure protecting properties but can be encoded and decoded much more
efficiently than RS codes [39].

RS codes are a subset of BCH codes and are linear block codes. An RS code is rep-
resented as RS(n, m) with s-bit symbols, where m is the number of source symbols and
l � n � m is the number of parity symbols. Figure 18.7 shows a typical RS code word.
RS codes are based on Galois fields (GF) or finite fields. RS codes with code words from
GF(q) have length equal to q � 1. Given a symbol size s, the maximum code word length
for an RS code is n � 2s � 1. A popular RS code is chosen from the field GF(28 � 1),
since each symbol can be represented as a byte. For the detailed encoding and decoding
operation rules and implementations in hardware or software, refer to [51, 52] for a
comprehensive tutorial.
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FIGURE 18.7

Illustrate of RS(n,m) code word.

An RS code can be used to correct both errors and erasures (an erasure occurs when
the position of an error symbol is known). An RS(n, m) decoder can correct up to
(n � m)/2 errors or up to (n � m) erasures, regardless of which symbols are lost. The
code rate of an RS(n, m) code is defined as m/n. The protection capability of an RS code
depends on the block size n and the code rate m/n. These are limited by the extra delay
introduced by FEC. The block size can be determined based on the end-to-end system
delay constraints.

The channel errors in wired links are typically in the form of packet erasures, so an
RS(n, m) code applied across packets can recover up to (n � m) lost packets. Thus, the
block failure probability (i.e., the probability that at least one of the original m packets
is in error) is Pb(n,m) � 1 �

∑n�m
j�0 P(n, j), where P(n, j) represents the probability of j

errors out of n transmissions. As for wireless channels, channel coding is applied within
each packet to provide protection. Source bits in a packet are first partitioned into m
symbols, and then (n � m) parity symbols are generated and added to the source bits to
form a block. In this case, the noisy wireless channel causes symbol errors within packets
(but not erasures). As a result, the block error probability for an RS(n, m) code can be

expressed as Pb(n,m) � 1 �
∑(n�m)/2

j�0 P(n, j).

Another popular type of codes used to perform intrapacket FEC is rate-compatible
punctured convolutional (RCPC) codes [48], first introduced in [53]. These codes are
easy to implement and have the property of being rate compatible, that is, a lower
rate channel code is a prefix of a higher rate channel code. A family of RCPC codes
is described by the mother code of rate 1/N and memory M with generator tap matrix
of dimension N � (M � 1). Together with N , the puncturing period G determines the
range of code rates as R � G/(G � l), where l can vary between 1 and (N � 1)G. RCPC
codes are punctured codes of the mother code with puncturing matrices a(l) � (aij(l))
(of dimension N � G), with aij(l) ∈ (0,1) and 0 denoting puncturing.

The decoding of convolutional codes is most commonly achieved through the Viterbi
algorithm, which is a maximum-likelihood sequence estimation algorithm. The Viterbi
upper bound for the bit error probability is given by

pb �
1

G


∑
d�dfree

cd pd ,

where dfree is the free distance of the convolutional code, which is defined as the minimum
Hamming distance between two distinct code words, pd the probability that the wrong
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path at distance d is selected, and cd the number of paths at Hamming distance d from the
all-zero path. dfree and cd are parameters of the convolutional code, whereas pd depends
on the type of decoding (soft or hard) and the channel. Both the theoretical bounds
of BER and the simulation methods to calculate BER for RCPC codes can be found in
[52, 53].

18.4.2 Retransmission
Due to the end-to-end delay constraint of real-time applications, retransmissions used
for error control should be delay-constrained. Various delay-constrained retransmission
schemes for unicast and multicast video are discussed in [17]. In this chapter, we focus
on the unicast case, where the delay-constrained retransmissions can be classified into
sender-based, receiver-based, and hybrid control, according to [17].

We illustrate the basic idea of receiver-based retransmission control in Fig. 18.8(a),
where Tc is the current time, Ds is a slack term, and Td(n) is the scheduled playback
time for packet n. The slack term Ds is introduced to take into account the error in esti-
mating the RTT and other processing time, such as error correction and decoding. For a
detected loss of packet n, if Tc � RTT � Ds < Td(n), which means if the retransmitted
packet n can arrive at the receiver before its playback time, the receiver sends a retrans-
mission request of packet n to the sender. This is the case depicted in Fig. 18.8(a) for
packet 2.

Different from the receiver-based control, in sender-based control, decisions are made
at the sender end. The basic idea is illustrated in Fig. 18.8(b), where T0 is the estimated
forward-trip-time, and T ′

d(n) is an estimate of Td(n). If Tc � T0 � Ds < T ′
d(n) holds,

it can be expected that the retransmitted packet n will arrive at the receiver in time for
playback. The hybrid control is a direct combination of the receiver-based and sender-
based control so that better performance can be achieved at the cost of higher complexity.
After laying out the basic concept of delay-constrained retransmission, we next discuss
how retransmission techniques are implemented in a network.

Delay-constrained retransmission can be implemented in multiple network lay-
ers. First, it is well known that the Transport Control Protocol (TCP) is a reliable
end-to-end transport protocol that provides reliability by means of a window-based
positive acknowledgement (ACK) with a go-back-N retransmission scheme in the IP
suite [54].

In an IP-based wireless network for the emerging 3G and 4G systems, such as
CDMA2000, transport packets are transferred to the radio link control (RLC) frames
and further to the Medium Access Control (MAC) frames in the link layer. 3G and 4G
systems allow both RLC frame retransmissions and MAC frame retransmissions [55].
The current wireless local area network (WLAN) standard IEEE 802.11 also allows MAC
frame retransmission [9]. Compared to transport-layer retransmission TCP, link-layer
and MAC-layer retransmission techniques introduce smaller delays because the lower
layers react to the network faster than the upper layers [56]. Due to the strict end-to-
end delay constraint, TCP is usually not preferred for real-time video communications.
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FIGURE 18.8

Timing diagram for delay-constrained retransmission: (a) receiver-based control, (b) sender-
based control (adapted from [17]).

However, because delay-constrained retransmission at the link and MAC layers introduce
much shorter delays, they are widely used in real-time video communications [9]. For
example, researchers have been studying how many retransmissions in the MAC layer
are appropriate for multimedia transmission applications to achieve the best trade-off
between error correction and delay [9, 56, 57].
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18.5 JOINT SOURCE-CHANNEL CODING
The trade-off between source and channel coding has been studied from a theoreti-
cal standpoint based on the use of vector quantizers in [12, 13]. In general, JSCC is
accomplished by designing the quantizer and entropy coder jointly for given channel
characteristics, as in [12, 14]. There is a substantial number of research results in this
area. Interested readers can refer to [15] for a comprehensive review on this topic. In this
section, we focus on the specific application of JSCC in image and video communications,
where JSCC usually faces three tasks: finding an optimal bit allocation between source
coding and channel coding for given channel loss characteristics; designing the source
coding to achieve the target source rate; and designing the channel coding to achieve the
required robustness [16, 17]. These tasks, although stated separately, are inter-related,
forming the backbone of the integrated nature of JSCC.

JSCC for image/video transmission applications has been traditionally studied as a
typical optimal bit allocation problem. As discussed above, error resilient source coding
and channel coding are both error control mechanisms available at the sender. JSCC for
image/video transmission applications can also be regarded as techniques that aim to
allocate the available resources to these two components to provide the best end-to-end
video quality. Next, we first present the general problem formulation for optimal bit
allocation and then we focus on these optimal resource allocation techniques.

As a preliminary matter of a formal approach to problem solving, several factors need
to be clarified. An appropriate system performance evaluation metric should first be
selected. Second, the constraints need to be specified. Third, a model of the relationship
between the system performance metric and the set of adaptation parameters needs to
be established. The final step is to find the best combination of adaptation parameters
that maximizes the system performance while meeting the required constraints. Keeping
those four steps in mind, we next present a formal approach to formulate and provide
solutions to the JSCC problem.

18.5.1 Problem Formulation
A commonly used criterion for the evaluation of the system performance is the expected
distortion. The expectation is required due to the stochastic nature of the channel. As
shown in (18.7), in calculating the expected distortion for each source packet, the two
distortion terms, E[DR,k ] and E[DL,k ], and the loss probability for the source packet �k

need to be determined. The two distortion terms depend on the source coding parameters
such as quantization stepsize and prediction mode, as well as the error concealment
schemes used at the decoder. The relationship between the source packet loss probability
and channel characteristics depends on the specific packetization scheme, the channel
model, and the adaptation parameters chosen.

Let S be the set of source coding parameters and C the channel coding parameter.
Let s � {s1, . . . , sM } ∈ SM and c � {c1, . . . , cM } ∈ CM denote, respectively, the vector of
source coding parameters and channel coding parameters for the M packets in one video
frame or a group of frames. The general problem formulation then is to minimize the
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total expected distortion for the frame(s), given the corresponding bit-rate constraint
[6], that is,

min
s∈SM ,c∈CM

E[D(s,c)]

s.t. R(s,c) � R0,

(18.8)

where R(s,c) represents the total number of bits used for both source and channel
coding, and R0 the bit-rate constraint for the frame(s). The bit-rate constraint is usually
obtained based on the estimated channel throughput. Note that since video packets are
usually of different importance, the optimal solution will result in an UEP cross video
packets.

As shown in Fig. 18.6, with the same channel characteristics, different simulations
may diverge to a large extent with regard to reconstruction quality. A novel approach
called variance-aware per-pixel optimal resource allocation (VAPOR) is proposed in
[58] to deal with this. Besides the widely used expected distortion metric, the VAPOR
approach aims to limit error propagation from random channel errors by accounting
for both the expected value and the variance of the end-to-end distortion when allo-
cating source and channel resources. By accounting for the variance of the distortion,
this approach increases the reliability of the system by making it more likely that what
the end user sees, closely resembles the mean end-to-end distortion calculated at the
transmitter.

This type of constrained problem can be solved in general using the Lagrangian
relaxation method; that is, instead of the original problem, the following problem is
solved

min
s∈SM ,c∈CM

J (s,c,�) � min
s∈SM ,c∈CM

{E[D(s,c)] � �R(s,c)}. (18.9)

The solution of (18.8) can be obtained, within a convex hull approximation, by solving
(18.9) with the appropriate choice of the Lagrange multiplier, � � 0 so that the bit-rate
constraint is satisfied. The difficulty in solving the resulting relaxed problem depends
on the complexity of the interpacket dependencies. Depending on the nature of such
dependencies, an iterative descent algorithm based on the method of alternating variables
for multivariate minimization [59] or a deterministic dynamic programming algorithm
[60] can be used to efficiently solve the minimization problem.

The JSCC problem formulation (18.8) is general for the fact that both the source cod-
ing and channel coding can take a variety of forms, depending on the specific application.
For example, when FEC is used, the packet loss probability becomes a function of the
FEC choice. The details of this model will depend on how transport packets are formed
from the available video packets [34]. In addition to FEC, retransmission-based error
control may be used in the form of ARQ protocols. In this case, the decision whether to
retransmit a packet or to send a new one forms another channel coding parameter, which
also affects the probability of loss as well as the transmission delay. When considering
the transmission of video over a network, a more general JSCC scheme may cover mod-
ulation and demodulation [61], power adaptation [32], packet scheduling [62], and data
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rate adaptation [62]. These adaptation components can all be regarded as channel coding
parameters. Source coding parameters, on the other hand, can be in the form of mode
selection [16, 32, 34], packetization [9], intra-MB refreshment rate [37], and entropy
coding mechanism [12]. By solving problem (18.8) and selecting the source coding and
channel coding parameters within their sets, we can obtain the optimal trade-off among
all those adaptation components. We next provide examples of the applications of JSCC
to video transmission in different network infrastructures.

18.5.2 Internet Video Transmission
For video transmission over the Internet, channel coding usually takes the form of FEC
and/or ARQ at the transport layer. FEC is usually preferred for applications that impose
a relatively short end-to-end delay constraint. Joint source coding and FEC has been
extensively studied in the literature [33, 49, 63–65]. Such studies focus on the determi-
nation of the optimal bit allocation between source coding and FEC. In [66], the authors
introduced the integrated joint source-channel coding (IJSCC) framework, where error
resilient source coding, channel coding, and error concealment are jointly considered in
a tractable optimization setting. In using the IJSCC framework, an RD optimized hybrid
error control scheme has been presented in [66], which results in the optimal allocation
of bits among source, FEC, and ARQ.

18.5.2.1 Joint Source Coding and FEC
As mentioned above, the appropriate way of calculating the loss probability per packet
depends on the chosen FEC, as well as the way transport packets are formed from the
available video packets. Next, we show one example where the source packet is a video
slice (a group of blocks).

Figure 18.9 illustrates a packetization scheme for a frame, where one row corresponds
to one packet. In this packetization scheme, one video slice is directly packetized into
one transport packet by the attachment of a transport packet header. Since the source
packet sizes (shown by the shaded area in Fig. 18.9) are usually different, the maximum
packet size of a block (a group of packets protected by one RS code) is determined first,
and then all packets are padded with stuffing bits in the tail part to make their sizes
equal. The stuffing bits are removed after the parity codes are generated and thus are not
transmitted. The resulting parity packets are all of the same size (maximum packet size
mentioned above). Each source packet in Fig. 18.9 is protected by an RS(N , M ) code,
where M is the number of video packets and N is the number of total packets including
parity packets.

In this case, the channel coding parameter c would be the choice of the RS code rate.
If we take the source coding parameter s as the prediction mode and quantizer for each
video packet, by solving (18.8), we can obtain the optimal JSCC solution, that is, the
optimal bit allocation as well as the optimal error resilient source coding and FEC.

To illustrate the advantage of the IJSCC approach, we compare two systems: (i) system
1, which uses the proposed framework to jointly consider error resilient source coding
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FIGURE 18.9

Illustration of a packetization scheme for interpacket FEC.

and channel coding; (ii) system 2, which performs error resilient source coding but with
fixed rate channel coding. Note that system 2 is also optimized, that is, it performs
optimal error resilient source coding to adapt to the channel errors (with fixed rate
channel coding).

In Fig. 18.10, the performance of the two systems is compared, using the QCIF
Foreman test sequence coded by an H.263+ codec at transmission rate 480 kbps and
frame rate 15 fps. Here, we plot the average PSNR in dB versus different packet loss rates.
It can be seen in Fig. 18.10 that system 1 outperforms system 2 at different preselected
channel coding rates. In addition, system 1 is above the envelope of the four performance
curves of system 2 by 0.1–0.4 dB. This is due to the flexibility of system 1, which is capable
of adjusting the channel coding rate in response to the CSI as well as the varying video
content.

18.5.2.2 Joint Source Coding and Hybrid FEC/ARQ
When considering the use of both FEC and ARQ, the channel coding parameter c includes
the FEC rate chosen to protect each packet and the retransmission policy for each
lost packet. Hybrid FEC/retransmission has been considered in [31], where a general
cost-distortion framework was proposed to study several scenarios such as DiffServ (Dif-
ferentiated Services), sender-driven retransmission, and receiver-driven retransmission.
In [66], optimal error control is performed by jointly considering source coding with
hybrid FEC and sender-driven application-layer selective retransmission. This study is
carried out with the use of (18.8), with a sliding window scheme in which lost packets are
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FIGURE 18.10

Average PSNR versus transport packet loss probability (QCIF Foreman sequence, transmission
rate 480 kbps, coded at 15 fps).

selectively retransmitted according to a RD optimized policy. Simulations in [66] show
that the performance advantage in using either FEC or selective retransmission depends
on the packet loss rate and the RTT. In that work, the proposed hybrid FEC and selective
retransmission approach is able to derive the benefits of both approaches by adapting the
type of error control based on the channel characteristics.

A receiver-driven hybrid FEC/pseudo-ARQ mechanism is proposed for Internet mul-
timedia multicast in [45]. In that work, the sender multicasts all the source layers and all
the channel layers (parity packets obtained by using RS coding similar to what we have
discussed in the previous section) to separate multicast groups. Each user computes the
optimal allocation of the available bit rate between source and channel layers based on
its estimated channel bandwidth and packet loss probability, and joins the corresponding
multicast group. This is achieved through a pseudo-ARQ system, in which the sender
continuously transmits delayed parity packets to additional multicast group, and the
receivers can join or leave a multicast group to retrieve the lost information up to a given
delay bound. Such a system looks like ordinary ARQ to the receiver and an ordinary
multicast to the sender. This can be characterized as JSCC with receiver feedback. More
specifically, the optimal JSCC is obtained by solving (18.8) at the receiver side, where the
source coding parameter is the number of source layers and the channel coding parameter
is the number of channel layers.
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18.5.3 Wireless Video Transmission
Wireless video communications is a broad, active, and well-studied field of research
[7, 67]. Recently, several adaptation techniques have been proposed specifically for energy
efficient wireless video communications. A trend in this field of research is the joint
adaptation of source coding and transmission parameters based on the time-varying
source content and channel conditions. The general JSCC framework (18.8) therefore
encompasses these techniques with an additional constraint on the total energy con-
sumed in delivering the video sequence to the end user. Correspondingly, the channel
coding parameters would cover more general channel adaptation parameters such as the
transmission rate, physical-layer modulation modes, and the transmitter power.

18.5.3.1 Joint Source Coding and FEC
As with Internet video transmission, the problem of joint source coding and FEC for
wireless video communications focuses on the optimal bit allocation between source and
channel coding by solving (18.8). The difference is that due to the different types of
channel errors (bit errors) in a wireless channel, FEC is achieved by adding redundant
bits within packets to provide intrapacket protection. RCPC and RS codes are widely
used for this purpose. Recent studies have considered using turbo codes [68, 69] due to
their ability to achieve capacity close to Shannon’s bound [70]. As mentioned above, this
topic has been extensively studied. Some examples are provided in the following.

Optimal bit allocation has been studied in [64] based on a subband video codec.
A binary symmetric channel (BSC) with an AWGN model has been considered for sim-
ulations. The source coding parameters are the bit rate of the source subband and the
channel coding parameters are the FEC parameter for each subband. A similar problem
has been studied for video transmission over a Rayleigh fading wireless channel in [33]
based on an H.263+ SNR scalable video codec. In that work, Universal RD Characteristics
(URDC) of the source scheme are used to make the optimization tractable. Both studies
use RCPC codes to achieve the intrapacket FEC. RS codes are used to perform channel
coding in [37] for video transmission over a random BSC. Based on their proposed RD
model, the source coding parameter is the intra-MB refreshment rate and the channel
coding parameter is the channel rate.

An adaptive cross-layer protection scheme is presented in [9] for robust scalable video
transmission over 802.11 wireless LANs. In this study, the video data is pre-encoded using
an MPEG-4 FGS coder and thus source coding adaptation is not considered. The channel
parameters considered in this study include adaptation components in various layers in
the protocol stack, including the application layer FEC (RS codes are used to achieve inter-
packet protection), the MAC retransmission limit, and the packet sizes. These channel
parameters are adaptively and jointly optimized for efficient scalable video transmission.

As for image transmission, joint source channel coding algorithms have been stud-
ied in [71] for efficient progressive image transmission over a BSC. In this study, two
UEP schemes have been studied: a progressive rate-optimal scheme and a progressive
distortion-optimal scheme. With a given transmission bit budget, in the progressive rate-
optimal scheme, the goal is to maximize the average of the expected number of correctly
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received source bits over a set of intermediate rates. In the progressive optimal-distortion
problem, the goal is to minimize the average of the expected distortion over a set of
intermediate rates. Embedded coder such as the SPIHT coder [22] and JPEG2000 is used
for source coding. As for channel coding, an RCPC code and a rate-compatible punc-
tured turbo code are used for the rate-optimal scheme and distortion-optimal scheme,
respectively. Thus, the source coding parameter is the number of embedded bits allo-
cated to each packet, and the channel coding parameter is the selected channel rates
for the protection of each packet. Although the proposed schemes have slightly worse
performance at a few rates close to the target rate compared with the schemes that are
maximizing the correctly received source bits or minimizing the expected distortion at
the target transmission rate, the proposed schemes have better performance at most of
the intermediate rates.

18.5.3.2 Joint Source Coding and Power Adaptation
Joint source coding and power adaptation techniques deal with the varying error sensi-
tivity of video packets by adapting the transmission power per packet based on the source
content and CSI. In other words, these techniques use transmission power as part of an
UEP mechanism. In this case, the channel coding parameter is the power level for each
video packet. Video transmission over CDMA networks using a scalable source coder
(3-D SPIHT) along with error control and power allocation is considered in [72]. A joint
source coding and power control approach is presented in [73] for optimally allocating
source coding rate and bit energy normalized with respect to the multiple-access inter-
ference noise density in the context of 3G CDMA networks. In [32], optimal mode and
quantizer selection are considered jointly with transmission power allocation.

To illustrate some advantages of joint adaptation of the source coding and transmis-
sion parameters in wireless video transmission systems, we present experimental results
that are discussed in detail in [32]. We compare a joint source coding and transmission
power allocation (JSCPA) approach, that is, the approach described by (18.8), with an
independent source coding and power allocation (ISCPA) approach in which s and c
are independently adapted. In Fig. 18.11, we plot the expected PSNR per frame of both
approaches for the Foreman test sequence coded at 15 fps. It is important to note that
both approaches use the same transmission energy and delay per frame.

As shown in Fig. 18.11, the JSCPA approach achieves significantly higher quality
(expected PSNR) per frame than the ISCPA approach. Because the video encoder and the
transmitter operate independently in the ISCPA approach, the relative importance of each
packet, that is, their contribution to the total distortion, is unknown to the transmitter.
Therefore, the transmitter treats each packet equally and adapts the power to maintain
a constant probability of packet loss. The JSCPA approach, on the other hand, is able
to adapt the power per packet, and thus the probability of loss, based on the relative
importance of each packet. For example, more power can be allocated to packets that are
difficult to conceal. As shown in Fig. 18.11, the PSNR improvement is the greatest during
periods of high activity. For example, around frame 100, there is a scene change in which
the camera pans from the foreman to the construction site. During this time, the JSCPA
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FIGURE 18.11

(a) Expected PSNR per frame for the ISCPA and JSCPA approaches. (b) Difference in expected
PSNR between the two approaches (adapted from [32]).

approach achieves PSNR improvements of up to 3.5 dB. This gain comes from the ability
of the JSCPA approach to increase the power while decreasing the number of bits sent
to improve the reliability of the transmission. The ISCPA scheme is unable to adapt the
protection level and thus incurs large distortion during periods of high source activity.

We show the visual quality comparison of the two approaches in Fig. 18.12. An
expected reconstructed frame is shown from the Foreman sequence when the same
amount of energy is consumed in the two approaches. It can be clearly seen that the
JSCPA approach achieves a much better video reconstruction quality than the ISCPA
approach.

As mentioned in Section 18.5.1, the VAPOR approach is used to limit error prop-
agation by accounting for not only the mean but also the variance of the end-to-end
distortion [58]. In Fig. 18.13, we compare a series of reconstructed frames at the decoder
for the minimum expected distortion (MED) approach (18.8) and VAPOR approach
using the same amount of transmission energy for the Silent sequence. These images are
for a single-channel loss realization when the same MBs are lost in both schemes. We can
clearly see the advantage of using the VAPOR approach. For example, the error occurring
at frame 109 persists until frame 123 in the MED approach while it has been quickly
removed by the VAPOR approach.

18.5.3.3 Joint Source-Channel Coding and Power Adaptation
In an energy-efficient wireless video transmission system, transmission power needs
to be balanced against delay to achieve the best video quality. Specifically, for a given
transmission rate, increasing the transmission power will decrease BER, resulting in a
smaller probability of packet loss. On the other hand, for a fixed transmission power,
increasing the transmission rate will increase the BER but decrease the transmission
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FIGURE 18.12

Frame 184 in the Foreman sequence. (a) Original frame; (b) expected frame at the decoder
using the JSCPA approach; and (c) expected frame at the decoder using the ISCPA approach
(adapted from [32]).

delay needed for a given amount of data (or allow more data to be sent within a given
time period). Therefore, to efficiently use resources such as energy and bandwidth, those
two adaptation components should be designed jointly.

In [74], the study is based on progressive image and video transmission, and error
resilient source coding is achieved through optimized transport prioritization for layered
video. Joint source-channel coding and processing power control for transmitting layered
video over a 3G wireless network is studied in [75]. A joint FEC and transmission power
allocation scheme for layered video transmission over a multiple user CDMA network is
proposed in [72] based on the 3D-SPIHT codec. Source coding and error concealment
are not considered in that work.

Source-channel coding and power adaptation can also be used in a hybrid wire-
less/wireline network, which consists of both wireless and wired links. An initial
investigation of this topic is described in [34], where lower layer adaptation includes inter-
packet FEC at the transport layer and intrapacket FEC at the link layer, which are used
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FIGURE 18.13

Illustration of error propagation effect using the QCIF Silent test sequence. MED approach: frame
number (a) 109, (b) 110, (c) 123. VAPOR approach: frame number (d) 109, (e) 110, (f) 123
(adapted from [58]).

to combat packet losses in the wired line and bit errors in the wireless link, respectively.
In addition to channel coding, power is assumed to be adjustable in a discrete set at the
physical layer. The selection of channel codes and power adaptation is jointly considered
with source coding parameter selection to achieve energy-efficient communication.

18.5.3.4 Joint Source Coding and Data Rate Adaptation
Joint source coding and transmission rate adaptation has also been studied as a means
of providing energy efficient video communications. To maintain a certain probability
of packet loss, the energy consumption increases as the transmission rate increases [76].
Therefore, to reduce energy consumption, it is advantageous to transmit at the lowest
rate possible [77]. In addition to affecting energy consumption, the transmission rate
determines the number of bits that can be transmitted within a given period of time.
Thus, as the transmission rate decreases, the distortion due to source coding increases.
Joint source coding and transmission rate adaptation techniques adapt the source coding
parameters and the transmission rate to balance energy consumption against end-to-end
video quality.

In [62], the authors consider optimal source coding and transmission rate adaptation.
In this work, each video packet can consist of different number of MBs and can be
transmitted at different rates. In addition, each packet has the option to stay idle at the
transmitter instead of being transmitted immediately after it leaves the encoder buffer,
when the current channel condition is very poor. The channel coding parameters c then
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includes the selection of the number of MBs in each video packet, the transmission rate,
and transmission schedule (waiting time at the transmitter) for each packet. The source
coding parameters are the quantizer and prediction mode for each MB in each video
packet. The goal is then to jointly select the source coding and channel coding parameters
for each packet with the objective of minimizing the total expected energy required to
transmit the video frame subject to both an expected distortion constraint and a delay
per packet constraint, through solving the minimum cost optimization formulation. In
this work, stochastic Dynamic Programming is used to find an optimal source coding and
transmission policy based on a Markov state channel model. A key idea in this work is that
the performance can be improved by allowing the transmitter to suspend or slowdown
transmissions during periods of poor channel conditions, as long as the delay constraints
are not violated.

18.6 DISTRIBUTED MULTIMEDIA COMMUNICATIONS
In the previous sections of this chapter, we mainly focused on point-to-point video trans-
mission, where two single end points are communicating with each other. In this section,
we cover distributed multimedia communications over different wireless network archi-
tectures, including point-to-multipoint networks, P2P networks, and multihop networks.
We first study video streaming over multiuser networks, in which we discuss in detail how
optimal resource allocation can be performed in this paradigm. We then briefly review
the prevalent mobile TV broadcasting standards, with focus on the error resiliency and
power efficiency features. We also briefly review video streaming applications over some
emerging network architectures including P2P networks and multihop networks.

18.6.1 Video Streaming over Multiuser Networks
In a point-to-multipoint network, video can be transmitted from a single transmitter to
multiple receivers. The new generation of cellular standards, such as HSDPA (High-Speed
Downlink Packet Access) [78] and IEEE 802.16 (WiMAX) [79], are geared to achieve the
required data rates to support multiuser video transmission. For example, Multimedia
Broadcast/Multicast Service (MBMS) is one of the four types of visual content deliv-
ery services and technologies defined in Third-Generation Partnership Project (3GPP)
standards [80, 81]. In addition, as the combination of Wi-Fi and 3G cellular networks is
providing a realistic and comfortable solution beyond 3G, where 54 Mbps in hot spots
and several hundred kilobits per second with wide coverage are available, the popularity
of video broadcast/multicast applications has gained an increasing momentum (e.g., the
iPhone released in July 2008 supports both Wi-Fi and 3G).

In multiuser video transmission, the inherent heterogeneity of video data and the
diversity of channel and network conditions experienced by the different clients makes it
difficult to achieve bandwidth efficiency and service flexibility. Overcoming the challenges
requires the efficient scheduling and allocation of system resources, such as transmission
power and bandwidth, and also, the consideration of source content.
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Recent developments in scheduling and resource allocation exploit the time-varying
nature of the wireless channel to maximize network throughput. These methods rely on
the multiuser diversity gain achieved by allocating a majority of the available resources to
users with good channel quality who can support higher data rates [82, 83]. In addition
to high overall throughput, the resource allocation must also ensure fairness across users
[84–87]. Most of the existing schemes can be generalized as gradient-based scheduling
policies [88, 89]. Gradient-based policies define a user utility as a function of a QoS
measure, such as throughput, and then maximize a weighted sum of the users’ data rates,
where the weights are determined by the gradient of a utility function. For example,
choosing the weights to be the reciprocals of the long-term average throughputs of each
user leads to a proportionally fair scheduling scheme [86]. Choosing the weights based
on the delay of the head-of-line (HOL) packet of each user’s transmission queue leads
to a delay-sensitive scheduling scheme [87]. Gradient-based policies rely only on the
instantaneous channel states of each user to determine the resource allocations and do
not assume any knowledge of the underlying channel state distributions.

Packet scheduling schemes for video streaming that also take into account the video
content can be found in [90–92]. In [90], a heuristic approach is used to determine the
importance of frames across users based on the frame type (I, P, or B) or their position in
a group of pictures. In [91], a concept of incrementally additive distortion among video
packets, introduced in [31], is used to determine the importance of video packets for
each user. Scheduling across users, however, is performed using conventional, content-
independent techniques. In [92], the priority across users is determined as a combination
of a content-aware importance measure similar to that in [91], and the delay of the HOL
packet for each user. At each time slot, all the resources are dedicated to the user with the
highest priority.

The scheduling problem for video broadcasting has also been studied in terms of
the tradeoff of distortion versus delay in [93, 94] according to their proposed Multiple
Distortion Measures. In this work, the video source is pre-encoded using H.264/MPEG-
4 SVC, and channel decisions are whether to serve the HOL packet by transmitting/
retransmitting it or to service the following packet by dropping it at each time slot. The
optimal trade-off has been casted as a stochastic shortest path problem and solved using
dynamic programming methods.

In [95], a content-based utility function is integrated with the utility-based frame-
work of [88] to form a content-aware packet scheduling technique. The key to deriving
the utility function is to appropriately prioritize the video packets according to their
“importance.” The importance is measured in terms of the distortion of the received
video signal taking into account the concealment of packet losses. The scheduling algo-
rithm maximizes the sum of the instantaneous data rates assigned to each user at each
scheduling opportunity, which are a function of the channel parameters (ci) assigned to
each user i, weighted by the gradients of the distortion-based utility function. This can
be written as,

max
c∈C

K∑
i�1

wiuiri(ci ,ei), (18.10)
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where c � {c1, c2, . . . , cK } contains the channel parameter set for all K users, ui is the
reduction in distortion after error concealment, in the video sequence of user i due to
the transmission of an additional video packet, wi denotes an additional fairness param-
eter, and ri(ci ,ei) denotes the achievable information rate for user i given the channel
parameters, ci , and the channel fading state, ei . C represents the set of all possible channel
parameter allocations, which is constrained by the requirements of the system. The opti-
mization is performed at each transmission opportunity to determine the transmission
rate provided to each user. Video packets in the transmission buffer for each user are
transmitted according to their priority, and any packets whose decoding deadlines have
expired are removed from the transmission buffer and considered lost at the decoder.
In a TDM/CDMA-based system such as HSDPA, the controllable channel parameters
can consist of the number of spreading codes assigned to each user, ni and the allocated
transmission power per user, pi , at each scheduling opportunity, and then, (18.10) is of
the form

max
(n,p)∈C

K∑
i�1

wiui log

(
1 �

piei

ni

)
, (18.11)

where the channel parameters, n � {n1,n2, . . . ,nK }, p � {p1,p2, . . . ,pK } are constrained
by the maximum number of spreading codes available in the system (15 for HSDPA) and
the maximum transmission power. A more detailed description of such a scheme is given
in [95].

In [96], the above approach is extended to the case when only an imperfect estimate
of the channel state is available. In that case, in addition to video packets being dropped
from the transmission buffer due to the expiry of packet deadlines, random losses can
also occur in the wireless channel. Such random losses combined with error concealment
at the decoder make it impossible for the scheduler to determine the actual distortion
of the sequence at the receiver. Instead, the scheduler computes an expected distortion
using a per-pixel estimation technique [35]. The expected distortion is a function of
both the transmission rate (number of packets transmitted), as well as the packet loss
rate. An outage capacity model [97] is used to determine the probability of channel loss
based on the estimated channel state. In that case, the probability of loss is dependent
on the allocated resources and the transmission rate. Therefore, assuming a system as
in (18.11), the problem of minimizing the expected distortion across all users can be
written as

min
(n,p)∈C,r

K∑
i�1

E{Di [ri ,�i(ni ,pi , ri ,ei)]}, (18.12)

where E{Di} represents the expected distortion at user i’s decoder, r � {r1, r2, . . . , rK } is
the vector of transmission rates to each user, and �i represents the packet loss rate, which
is in turn dependent on the channel parameters and allocated transmission rate.

In [96], the above optimization is solved using a two-step approach that consists of
first fixing the probability of loss and calculating the optimal resource parameters for
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the fixed probability of loss and then optimizing the transmission rate given the resource
parameters.

Figure 18.14 shows the average and variance of received PSNR obtained in a multiuser
video transmission system using the above scheduling and resource allocation scheme.
The system uses 7 QCIF sequences encoded such that the average PSNR without losses
is 35 dB. The resource constraints are set similar to an HSDPA system with a maxi-
mum transmission power of 25 W. Four different scheduling methods are compared.
ED gradient denotes the scheme described above. ED gradient with fixed � denotes the
scheme described above but using a fixed value of � of 0.1 instead of optimizing the
transmission rate allocation over �. The queue-length-based scheme also fixes � but uses
the queue length of each user’s transmission queue instead of the expected distortion
gradient to determine the utility function. The final scheme is a maximum throughput
based scheme (max C/I) that only considers each user’s channel state for scheduling deci-
sions. The figures show that the content-dependent schemes significantly outperform the
content-independent schemes such as queue length and max C/I. The max C/I scheme
shows a significantly larger variance across users than the others. The content-dependent
schemes show the smallest variance across users.

Figure 18.15 provides an example comparison of the output from the content-
dependent expected distortion gradient based scheme and the content-independent
queue-length-based scheme. Similar schemes to those above can also be used with scal-
able video coding techniques [98, 99]. The schemes described in this section attempt to
tackle the problem of cross-layer design for wireless multiuser systems while taking into
account the actual perceived video quality to the end user. They simplify the multiuser
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(a) Average PSNR over all users. (b) Variance of PSNR across users and channel realizations.



608 CHAPTER 18 Wireless Video Streaming
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FIGURE 18.15

Three frames for comparison of content-aware scheme (a), (b), (c), and content-independent
queue-length-based scheme (d), (e), (f) under the same channel realization.

resource allocation problem by using a gradient-based scheduling policy. Results such
as those illustrated above indicate that content-dependent scheduling and resource allo-
cation provide great potential for improving the QoS in multiuser video transmission
systems. Interesting new challenges also occur when similar schemes are extended to
uplink multiuser video transmission, video transmission in multihop networks, etc.

18.6.2 Mobile TV Standards
Mobile television services have been gaining popularity and are expected to grow con-
siderably in the coming years. Currently, there are four prevalent mobile TV standards
known as Digital Multimedia Broadcasting (DMB), DVB-H Digital Video Broadcasting -
Handheld (DVB-H), OneSeg, and MediaFLO. DMB was developed and is used in South
Korea, while OneSeg was developed and is used in Japan. MediaFLO is Qualcomm’s pro-
prietery technology and is leading the North American market as it has been deployed by
Verizon and AT&T. DVB-H, mainly developed by Nokia and officially endorsed by the
European Union, has started to get momentum in North America in addition to Europe
and is likely about to become a globally dominant standard.

In this subsection, our goal is not to cover in detail all the standards but to highlight
some of the key technologies of error resiliency and power efficiency defined in these
mobile TV broadcasting systems. The reader can then have a better idea of how to
evaluate the trade-offs to achieve the best video quality from the JSCC or optimal resource
allocation perspective. We next briefly review the DVB-H and MediaFLO standards.
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18.6.2.1 DVB-H
The DVB-H system is defined based on the existing DVB-T (DVB-Terrestrial) standard
for fixed and in-car reception of digital TV. It is a superset of the DVB-T system, with
additional features to meet the specific requirements of the error resiliency and power
efficiency for handheld receivers. For example, the main additional elements at the link
layer are time slicing and additional FEC coding, also known as multiprotocol encapsula-
tion (MPE) FEC, which provides equal error protection (EEP) to the transmitted media
streams.

Time slicing, which is based on time-multiplexed transmission of different services,
is used to reduce power consumption for small handheld terminals. Data are transmitted
in bursts at high bit rates in small time slots, allowing the receiver to be switched off in
inactive periods. With MPE-FEC, the IP datagrams of each time-sliced burst are protected
by Reed–Solomon parity codes, calculated from the IP datagrams of the burst. The front-
end receiver only switches on for the time interval when the burst data is on air. Time
slicing can significantly reduce the average power at the front-end receiver (up to about
90–95%) and also enable smooth and seamless frequency handover when a user changes
service cell area [100]. In addition, because there is no requirement for fixed burst sizes
or fixed time between bursts, a variable bit-rate-coded video stream can therefore use a
variable burst size and/or a variable time between bursts. Note that in DVB-H, the use
of time slicing is mandatory while in MPE-FEC, it is optional. Also note that the MPE-
FEC module offers, in addition to error correction in the physical layer transmission, a
complementary FEC function that allows the receiver to cope with particularly difficult
reception situations.

In addition to the link layer extensions, DVB-H defines four additional features at
the physical layer with respect to DVB-T to further improve the receiver performance
and design flexibility for handheld applications. For example, the optional new orthog-
onal frequency division multiplexing (OFDM), 4K mode provides a good compromise
between high-speed, small-area 2K single-frequency networks (SFNs) and the slower,
larger-area 8K mode. It also gives additional flexibility to network design. Readers can
refer to [101] for details or to [100] for a review.

18.6.2.2 MediaFLO
MediaFLO is Qualcomm’s proprietery technology to broadcast data and media streams,
as well as IP datacast application data such as stock market quotes, sports scores, and
weather reports in real time and non-real-time to mobile devices. FLO in MediaFLO
stands for forward link only, meaning that the data transmission path is one way from
the transmitter to the FLO device. The MediaFLO system transmits data on a frequency
separate from the frequencies used by current cellular networks. More specifically, the
FLO physical layer targets transmission in the VHF/UHF/L-band frequency bands, over
channel bandwidths of 5, 6, 7, and 8 MHz [102]. It can achieve an average bit rate of
200–250 kbps, which can provide a reasonably good video reception quality, especially on
handheld devices that have relatively small screens, thanks to the use of advanced video
coding codecs such as H.264/AVC.
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OFDM is used at the physical layer with each subcarrier modulated by a quadrature
amplitude modulated (QAM) symbol. The use of OFDM enables higher capacity com-
pared with single-carrier modulation methods. Moreover, all the transmitters send the
same signal and use the same frequency. This allows the mobile devices to decode the
signal from more than one transmitter in the same way as if it were a delayed version
from the same transmitter. Similar to DVB-H, this SFN scheme avoids explicit handoff
operation.

Forward error correction is used in MediaFLO for the benefits of OFDM over
time/frequency-selective channels. The FEC design is based on a concatenated coding
scheme, consisting of an outer Reed–Solomon erasure correcting code and an inner par-
allel concatenated convolutional code (PCCC), also known as turbo code [102]. The
utilization of RS codes is to exploit the time diversity of the packets within a superframe,
while the inner turbo codes used for the MAC information and RS-coded parity packets
exploit the frequency-diversity inherent in the channel. The use of turbo coding is sig-
nificantly beneficial for an OFDM system when the channel has spectral nulls, which are
likely to occur in an SFN environment. Both the RS codes and the Turbo codes provide
a few coding rate options to choose from depending on the network conditions and
specific application requirements. In addition, MediaFLO supports regular and layered
subcarrier modulation based on QPSK and 16-QAM. All these choices for FEC codes and
constellation/modulation modes are certainly optimization knobs that a system designer
can use to optimize the system performance so as to achieve the best video quality and
minimize the transmission power consumption.

With regard to power efficiency, the interlace structure defined in MediaFLO can save
power consumption, as the receiver only needs to demodulate the required interlace sub-
sets [103]. In addition, the implementation of statistical multiplexing enables the receiver
to demodulate and decode only the Multicast Logical Channels (MLCs) of interest, which
provides significant power savings. The layered modulation design can certainly achieve
significant power savings in a wide coverage area in which the users usually have wide
range of reception signal strength. In this case, it is desirable to use base layer modulation
for the users with relatively poor reception while using enhancement layer modulation
for the remaining users.

18.6.3 Peer-to-Peer Internet Video Broadcasting
Unlike standard TV broadcasting, video broadcasting over the Internet can be very costly
if it is based on centralized media server architectures. In addition, it can only support a
limited number of users due to the bandwidth limitation of the network and the media
server itself. The P2P network architecture provides a solution to this problem [104, 105].
It differs from the conventional server-client model in that it does not have the notion of
clients or servers but only equal peer nodes that simultaneously function as both clients
and servers to the other nodes on the network; that is, each user of P2P video streaming
uploads the content it downloaded for reviewing at the same time. As a result, P2P
networks make use of the cumulative network bandwidth, which eliminates the need to
use costly centralized media servers to distribute the broadcast and results in extremely
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efficient utilization of the network bandwidth. In addition, such technology does not
require support from Internet routers and network infrastructure, and is consequently
extremely cost-effective and easy to deploy [104]. P2P technologies provide a number of
unique advantages such as ubiquity, resilience, and scalability, making them ideal for a
wide variety of distributed multimedia applications.

P2P live streaming systems have been widely studied from the protocol design point
of view and often consider media streams as generic data sources. They have emerged
as important technology for a wide range of applications such as file download and
voice-over-IP. However, video broadcast applications pose very different challenges than
those applications. Specifically, video broadcast imposes stringent real-time performance
requirements in terms of bandwidth and latency [104].

Recently, the topic of how to efficiently encode and transmit video by taking advantage
of the particular features of distribution topology of P2P networks has gained consid-
erable attention [105]. For example in [105], the authors claimed that application-layer
multicast and video transport should be considered jointly to achieve better performance
in P2P video streaming systems. In addition, video coding and streaming need to be both
content-adaptive and network-adaptive. For example, at the source coding side, MDC
together with path diversity can naturally fit within the P2P paradigm. At the channel
coding side, UEP through FEC and/or retransmission considering the unequal impor-
tance of the video stream can be certainly beneficial. We agree with the authors in [105]
that these topics will be of central importance for the second generation of P2P video
broadcast. We even believe that the joint consideration of the source coding and channel
coding is able to explore the full potential of P2P video broadcast.

18.6.4 Video Streaming over Multihop Wireless Networks
Multihop wireless networks such as mobile ad hoc networks, mesh networks, and wireless
sensor networks are another key area of interest in video streaming. Some of the challenges
in this area are a result of the architecture of such wireless networks, which can consist of a
mixture of fixed and mobile wireless nodes. Mobility implies that the routing and resource
allocation in the network will need to dynamically adapt to changing conditions as links
between nodes are established and removed depending on their changing locations and
time-varying channel conditions. Other challenges are a result of the video content. For
example, real-time video traffic imposes stringent delay constraints that must be met
for individual data packets. In addition to low delay, video traffic requires higher overall
data throughput than other types of data, which is difficult to achieve given the low and
time-varying data rates achievable in wireless networks. Also, the data rate requirements
are highly dependent on the particular video content being transmitted and can vary
with each video flow. Therefore, an important challenge is to allocate resources across the
flows such that fairness and high QoS is maintained across multiple flows while efficiently
using the available resources such as power and bandwidth in the network.

Due to the challenges mentioned above, the efficient transmission of video streams
over wireless multihop networks requires the joint control of parameters across different
layers of the protocol stack within each network node as well as across multiple nodes.
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A good overview of the cross-layer optimization techniques used in multihop wireless
networks is provided in [106]. Recent work in the area of cross-layer optimized video
transmission for ad hoc wireless networks can be found in [107], where a scheme is
described that determines the optimal routing paths as well as retransmission limits for
delay constrained video packets transmitted over a multihop wireless network. Some
initial work on multiuser video streaming over multihop wireless networks is presented
in [108].

Methods that use path diversity are also well suited for these applications [109–111].
MDC techniques, however, can lead to higher source encoding rates as they are less
capable of exploiting correlations that exist in the video data. In [109, 110], a multipath
streaming method is proposed that relates the end-to-end video quality to the congestion
caused by transmitting the video. This enables the design of a flow-based “congestion-
distortion optimized” scheme that takes into account the effects of source encoding as
well as packet losses due to congestion at the network node.

There still remain many open challenges in this area, especially when dealing with
multiple video streams. Important unresolved challenges include that of reducing the
complexity of the cross-layer optimization schemes, improving energy efficiency, and
ensuring security of the content.

18.7 DISCUSSION
While application of Shannon’s separation theorem leads to the introduction of redun-
dancy only during channel coding for achieving error-free transmission, this is not the
case under real-time constraints. Redundancy needs to be introduced during both source
and channel encoding in a judicious way. Furthermore, a well-designed decoder can
recover some of the lost information using error-concealment techniques. When a feed-
back channel is available, a retransmission protocol can be implemented, offering a
different means for improving the error resiliency of the video communication system.

In this chapter, JSCC for video communications has been discussed. We have used
the term “channel encoding” in a general way to include modulation and demodula-
tion, power adaptation, packet scheduling, and data rate adaptation. We provided an
overview of the state-of-the-art implementations of JSCC in various network infras-
tructures. Although the most recent video coding standards H.263, MPEG4, and H.264
provide a number of error resilient tools, there are a number of resource allocation prob-
lems that need to be resolved to efficiently use such tools. In addition, there is a plethora
of issues that need to be addressed by considering new system structures.

As mentioned earlier, cross-layer design is a general term, which encompasses JSCC,
and represents the current state-of-the-art. To efficiently use limited network resources,
the video transmission system needs to be adaptive to the changing network conditions. In
the traditional layered protocol stack, each layer is optimized or adapted to the changing
network conditions independently. The adaptation, however, is very limited due to the
limited conversations between layers. Cross-layer design aims to improve the system’s
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overall performance by jointly considering multiple protocol layers. The studies on this
topic so far not only show the necessity to use the joint design of multiple layers but also
point out the future direction of network protocol suite development to better support
video communications over the current best effort networks.

Cross-layer design is a powerful approach to account for different types of channel
errors in a hybrid wireless/wireline network that consists of both wired and wireless links.
An initial investigation of this topic is described in [34], where lower layer adaptation
includes interpacket FEC at the transport layer and intrapacket FEC at the link layer,
which are, respectively, used to combat packet losses in the wired line and bit errors in
the wireless link. Such channel adaptations are jointly designed with mode selection in
source coding to achieve optimal UEP by solving (18.8).

Overall, the topic addressed in this chapter does not represent mature technology yet.
Although technologies providing higher bit rates and lower error rates are continuously
being deployed, higher QoS will inevitably lead to higher user demands of service, which
for video applications translates to higher resolution images of higher visual quality.
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