CHAPTER 6

Multimedia
Communications
Across Networks

Chapter Overview

his chapter concentrates on multimedia communications across net-

works. After an introductory discussion concerning packet audio-
video in the network environment, we invoke the concept of video trans-
port across generic networks. We then describe Multimedia transport
across ATM networks. This is followed by multimedia across IP net-
works, including video transmission, traffic specifications for MPEG
video transmission on the Internet and bandwidth allocation mechanism.
We outline the issues concerning multimedia Digital Subscriber Lines
(DSLs). The concepts of Internet access networks are presented and illus-
trated. We finally discuss special issues relating to multimedia across
wireless networks, such as wireless broadband communication for multi-
media audiovisual solutions, mobile and broadcasting networks as well as
digital TV infrastructure for interactive multimedia services.

6.1 Packet Audio/Video in the Network Environment

Packet-switched networks were invented for carrying computer data because the burst-type
nature of such information makes it uneconomical to use continuously connected circuits. Audio
and video signals, in contrast, have for many years been carried across fixed-bit-rate circuit-
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switched connections. However, developments in ATM networks have generated discussions
between network and coding specialists concerning the potential advantages of variable bit-rate
transmissions across such networks. In recent years, considerable interest has been shown in the
general statistical multipiexing of digitally encoded audic and video signals, and particular
attention has been given to packet-based systems. A large number of papers and books has
appeared in the literature, addressing topics such as delays involved, the associated queuing
problems, the effects of packet loss and the regeneration of lost packets.

The increase in communication of multimedia information over the past decades has
resulted in many new multimedia processing and communication systems being put into service.
The growing availability of optical fiber links and rapid progress in Very Large-Scale Integration
(VLSI) circuits and systems have fostered a tremendous interest in developing sophisticated
multimedia services with an acceptable cost. Today’s fiber technology offers a transmission
capacity that can easily handle high bit rates. This leads to the development of networks that
integrate all types of information services [6.1]. By basiﬁg such a network on packet switching,
the services (video, voice and data) can be dealt with in a common format. Packet switching is
more flexible than circuit switching in that it can emulate the latter while vastly different bit
rates can be multiplexed together. In addition, the network’s statistical multiplexing of variable
rate sources may yield a higher fixed-capacity allocation [6.2, 6.3, 6.4].

6.1.1 Packet Voice

In comparison to circuit-switched networks, packet switching offers several potential advantages
in terms of performance. One advantage is efficient use of channel capacity, particularly for
bursty traffic. Although not as bursty as interactive data, speech exhibits some burstiness in the
form of talksparts [6.5]. Average talkspart duration depends on the sensitivity of the speech
detector, but it is well known that individual speakers are active only about 35 to 45% in typical
telephone conversations. By sending voice packets only during talksparts, packet switching
offers a natural way to multiplex voice calls as well as voice with data. Another advantage is that
call blocking can be a function of the required average bandwidth rather than the required peak
bandwidth. In addition, packet switching is flexible. For example, packet voice is capable of sup-
porting point-to-multipoint connections and priority traffic. Furthermore, because packets are
processed in the network, network capabilities in traffic control, accounting and security are
enhanced. However, packéﬁ voice is not without difficulties. Continuous speech of acceptable
quality must be reconstructed from a voice packet that experiences variable delays through the
network. The reconstruction process involves compensating for the variable delay component by
imposing an additional delay. Hence, the packet should be delivered with low-average delay and
delay variability.

Speech can tolerate a certain amount of distortion (for example, compression and clip-
ping) but is sensitive to end-to-end delay. The exact amount of maximum tolerable delay is sub-
ject to debate. It is generally accepted to be in the range of 100 to 600 ms. For example, the
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Figure 6.1  Packet voice [6.10}. ©1989 IEEE.

public telephone network has a maximum specification of 600 ms. In order to minimize packeti-
zation and storage delays, it has been proposed that voice packets should be relatively short, on
the order of 200 to 700 bits, and generally should contain less than 10 to 50 ms of speech [6.6,
6.7. 6.8]. Network protocols should be simplified to shorten voice packet headers (for example,
on the order of 4 to 8 bytes) although time stamps and sequence numbers are likely needed.
Because a certain amount of distortion is tolerable, error detection, acknowledgements and
retransmissions are unnecessary in networks with low error rates. Flow control can be exercised
end-to-end by blocking calls. In addition, network switches can possibly discard packets under
heavy traffic conditions. In this case, embedded coding has been proposed whereby speech qual-
ity degrades gracefully with the loss of information [6.9]. Packet voice is shown in Figure 6.1
[6.10]. Tt can be seen that the packets are generated at regular intervals during talksparts at the
Packet Voice Transmitter (PVT). The reconstruction process at the Packet Voice Receiver (PVR)
must compensate for the variable delay component by adding a controlled delay before playing
out each packet. This is constrained by some value, Dgyax. which is the specified maximum per-
centage of packets that can be lost or miss playout;n addition to buffering voice packets, it
might be desirable for the PVR (o attempt to detect lost packets and to recover their information.

There are two basic approaches to the reconstruction process [6.11,6.12, 6.13]. In the Null
Timing Information (NTI) scheme, reconstruction does not usé timing information (that is, time
stamps) to determine packet delays through the network. The PVR adds a fixed delay D to the
first packet of each talksparts as shown in Figure 6.2.
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Figure 62  NTI reconstruction scheme [6.10]. ©1989 |EEE.

If Dy is the transit delay of a first packet through the network and D, is a packet-genera-
tion time (assumed to be constant), the total delay of the first packet from entry into the network
to playout is

D =D, +D (6.1)

Subsequent packets in the talkspart are played out at intervals of D, after the first packet.
Therefore, sequence numbers are required to indicate the relative positions of packets in the talk-
spart. If a packet is not present at the PVR at its playout time, it is considered lost. The choice of
D involves a trade-off. Increasing D reduces the percentage of lost packets, but increases total
end-to-end delays and the size of the queue at the PVR. D cannot be too large due to the con-
straint from Dy,,, or too small due to Py Because Dy is random, the silence intervals between
talksparts are not reconstructed accurately.

Example 6.1 Reconstruction of silences in an NTI scheme is shown in Figure 6.3. Let d
and &’ denote the values of D, for the talksparts preceding and following a silence interval(s).
Suppose that d and d” are identically distributed with variance o? and have some positive correla-
tion r. Then, the error in the length of the reconstructed silence is

e=d-d (6.2)
and has the vartance
var(e) = 26°(1-—-r) 6.3)

which is directly proportional to the variance of packet delays. Evidently, the NTI scheme would
be adequate only if a small delay variance could be guaranteed.

Because the scheme depends on the first packet of each talkspart, the loss of a first packet
might cause confusion at the PVR.

If delay variability can be significant, a more elaborate reconstruction is necessary. In the
Complete Timing Information (CTI) approach, the reconstruction process uses full timing infor-
mation in the form of time stamps fo determine each packet’s delay accurately through the net-
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Figure 6.4 CTI reconstruction scheme [6.10]. ©1989 |EEE.

work, denoted D,. As it can be seen from the Figure 6.4, the PVR adds a controlled delay D so
that the total entry-to-playout delay D,

D=0, +D, (6.4)

is as uniform as possible for all packets. In addition to time stamps, sequence numbers are also
desirable for detecting lost packets.

There are various choices for the format of the time-stamp fields. The most obvious choice
is a global time stamp, but this requires precise synchronization of both PVT and PVR to a glo-
bal clock. A second choice is to encode the relative time between consecutive packets. This
means there is an unknown constant end-to-end-delay. A large time-stamp field is also required
because the time between packets could be long. Finally, the time stamp can indicate the delay
that a packet has accumulated in transit so far [6.11]. In this case, the time stamp might be more
appropriately called a delay stamp. A packet is generated with a delay stamp initialized to zero.
Each node increments the delay stamp by the amount of time that the packet has spent in that
node, possibly including propagation delays along links as well.

6.1.2 Integrated Packet Networks

The economies and flexibility of integrated networks make them very attractive, and packet net-
work architectures have the potential for realizing these advantages. However, the effective inte-
gration of speech and other signals, such as graphics, image and video into an Integrated Packet
Network (IPN) can rearrange network design properties. Although processing speeds will con-
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tinue to increase, it will also be necessary to minimize the nodal per-packet processing require-
ments imposed by the network design. Data signals must generally be received error free in
order to be useful. The inherent structure of speech and image signals and the way in which they
are perceived allows for some loss of information without significant quality improvement. This
presents the possibility of purposely discarding limited information to achieve some other goal,
such as the control of temporary congestion. One of the goals in IPNs is to construct 2 model
that considers the entire IPN (transmitters, packet multiplexers and receivers) as a system to be
optimized for higher speeds and capabilities [6.14]. In order to simplify the processing at net-
work nodes, more complex processing at network edges can be allowed. The transmitter forms a
packet switch, varying in its importance to the reconstruction of high-quality speech at the
receiver. Packet multiplexers discard speech packets according to this delivery priority in order
to control overload. The receiver then attempts to regenerate the information contained in any
discard packets. Although this model is concerned specifically with speech, the approach can be-
extended to other structural signals, such as graphics, image and video signals.

A transmitter subsystem is shown in Figure 6.5. The transmitter first classifies speech
segments according to models of the speech production process (voiced sounds, fricatives
and plosives).

This model-based classification is used to remove redundancy during coding, to assign
delivery properties and to regenerate discarded speech packets. After classification, the transmit-
ter removes redundancy from the speech using a coding algorithm based on the determined
model. For example, voiced sounds (vowels) could be coded with a block-oriented pitch predic-
tion coder. After coding, the transmitter assigns a delivery priority to each packet based on the
quality of regeneration possible at the receiver. In forming packets from speech segments, the
delivery priority would be included in the network portion of the packet header. The classifica-
tion and any coding parameters would be included in the end-to-end portion of the header.
Packet multiplexers exist at each outgoing link of each network node as well as at each multi-
plexed network access point. A packet multiplexer subsystem with the arriving packet discarded
is shown in Figure 6.6, Here, A is the effective arrival rate, and p represents the effective service
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Figure 6.5 Transmitter subsystem [6.14]. ©1989 IEEE.
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Figure 6.6  Packet multiplexer subsystem with arriving packet
discarded [6.14]. ©1989 IEEE.

rate. Each packet multiplexer monitors local overload and discards packets, according to packet
delivery priority (read from the network portion of the packet header) and is locally determined
by the measure of overload level. It is assumed that arriving packets are discarded. It is also pos-
sible to discard already-queued packets. In addition, if error checking is performed by the nodes,
any packet (data or speech) found to have an error is discarded.

The receiver decodes the samples in speech packets delivered to it based on the classifica-
tion and coding parameters contained in the end-to-end header. It also determines the appropri-
ate time to play them out. A receiver subsystem is shown in Figure 6.7. The receiver
synchronization problem requires only packet sequence numbers. Global synchronization is
administratively difficult, and time stamps must be modified at each packet multiplexer, requir-
ing additional per-packet processing [6.11]. Potential speech detector impairments, such as clip-
ping, are eliminated whenever the network is not overloaded. Even deriving periods of
considerable overload, the received guality may be better if at least a few background noise
packets are delivered and then used to regenerate noise that is similar in character to the actual
noise. If a packet is lost for any reason (for example, discarded by the network because of over-
load or errors, excessively delayed in the network, and so forth) the receiver must first detect the
loss by inspecting sequence numbers of those packets that have been received. It must further
make a determination of the class of each lost packet so that the appropriate regeneration model
can be applied using the previous header and sample history. A correct class determination will
be critical to regenerating the lost information accurately. It can be easily done as follows. In a
string of packets with the same class, we can virtually ensure that the first packet will be
received by assigning it a high delivery priority. Assuming perfect delivery of these first packets,
the class of any lost packet will match the class of the last received packet. Thus, the receiver’s
class decision can be virtually error free.

In summary, the advan'ages gained by taking a total system approach to an integrated
packet network are as follows:

+ A powerful overload control mechanism is provided.
» The structure of speech is effectively exploited.
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Figure 6.7 Receiver subsystem [6.14]. ©1989 IEEE.

* Extremely simple per-packet processing for overload control is allowed.
* Only one packet per speech segment is required.

* Receiver speech synchronization is simplified.

* Reduced per-packet error processing at packet multiplexers is possible.

6.1.3 Packet Video

Asynchronous transfer of video, which often is referred to as packet video, can be defined as the
transfer of video signals across asynchronous Time Division Multiplex (ATDM) networks, such
as IP and ATM. The video may be transferred for instantaneous viewing or for subsequent stor-
age for replay at a later time. The former case has requirements on pacing so that the received
video data can be displayed in a perceptually continuous sequence. The latter case can be seen
as a large data transfer with no inherent time constraints. In addition to the requirement on pac-
ing, the maximal transfer delay may also have bounds from camera to monitor if the video is a
part of an interactive conversation or conference. These limits are set by human perception and
determine when the delay starts at the information exchange. Parts of the signal may be lost or
corrupted by errors during the transfer. This will reduce the quality of the reconstructed video,
and, if the degradation is serious enough, it may cause the viewer to reject the service. Thus, the
general topics of packet video are to code and to transfer video signals asynchronously under
quality constraints.

The synchronous transfer mode combines the circuit-switched routing of telephony net-
works with the asynchronous multiplexing of packet switching. This is accomplished by estab-
lishing a comnection (fixed route) through the network before accepting any traffic. The
information is then sent in 53-octet long cells. The switches route cells according to address
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information contained in each cell’s five-octet header. Traffic on a particular link consists of ran-
domly interleaved cells belonging to different calls. The network guarantees that all cells of a
call follow the same route and, hence, get delivered in the same order as they were sent. The
intention is that ATM networks should be able to guarantee the QoS in terms of cell loss and
maximum delay, as well as maximum delay variations [6.15].

The IP differs in two major respects from ATM. There is no pre-established route and the
packets are of variable length (up to 65,535 octets). IP does not give any guarantees on the deliv-
ery of the packets, and they may even arrive out of order if the routing decision is changed dur-
ing the session. These issues will be addressed by the introduction of IPng in conjunction with
RSVP. In IPng, often calied IP (version 6), packets contain a 24-bit flow identifier in addition to
the source and destination addresses and can be used in routers for operations like scheduling
and buffer management to provide service guarantees. Delay and some loss is inevitable during
transfers across both ATM and IP networks. The delay is chiefly caused by propagation and
queuing. The queuing delay depends on the dynamic load variations on the links and must be
equalized before video can be reconstructed. Bit errors can occur in the optics and electronics of
the physical layer through thermal and impulsive noise. Loss of information is mainly caused by
a multiplexing overload of such magnitude and duration that buffers in the nodes overflow.
Video in digital form is a 3D signal. It is a time sequence of equidistantly spaced 2D pictures or
frames, Frames can be samples of a real scene captured by a camera or a sensor. They may also
be generated by computer graphics. The digitized frames of a video sequence can either be
scanned sequentially row by row or be interlaced, where first the odd-numbered rows are
scanned {rom top 1o bottom followed by the even-numbered rows. If the source produces a sig-
nal with RGB components, it is transtormed into a YIQ format with one luminance component
{Y) and two chrominance, or color, components {1 and Q). The structure of a video stream is
illustrated in Figure 6.8. The stream consists of frames that may be composed of fields if inter-
laced scanning is used. The fields are composed of lines of pixels where each pixel consists of
color components (each has a fixed number of bits).

Sequence
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Figure 6.8  Structure of the video signal.
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A video communication system is shown in Figure 6.9. The camera continuously captures
a scene. The digitized video is passed to an encoder. A function that is often part of the encoder
is the bit-rate control, which is used to regulate compression to adapt the bit rate to the channel
in the network. Typically, a common reconstruction is that of the access capacity to the network.
However, the constraint need not be a single upper limit on the rate, but could be a more general
function. It can also be effected by flow-control messages from the network as well as from the
receiver, Often the bit-rate control is the information segmentation and framing. A frame is a
segment of data with added control information. Segments that are formed at the application
level typically constitute the loss unit, Errors and loss in the network load to the loss of one or
more application segments. Further segmentation occurs at the network level, where the data is
segmented into multiplexing (IP packets or ATM cells), which is the loss unit for the network.-
The application layer segmentation and framing should simplify the handling of information
loss that may occur during the transfer. The network framing is needed to detect and possibly
correct bit and burst errors as well as packet or cell losses. The framing thus contains control
information that may even include error-control coding. The receiver side performs functions
that are reciprocal to the sending functions and may compensate for errors during the transfer.
These functions inctude decoding, error handling, delay equalization, clock synchrenization and
digital-to-analog conversion.
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Figure 6.9  An example of a video transmission system.

6.2 Video Transport across Generic Networks

The emergence of digital storage and transmission of video has been driven by the availability of
fast hardware at affordable prices, largely thanks to the economies obtained through standardiza-
tion of compression algorithms. Digital video is being used in many applications ranging from
videoconferencing {where two or more parties can carry out an interactive communication) to
video on demand (where several users can access the video information stored at a central loca-
tion). Each application has different requiremenis in terms of bit rate, end-to-end delay, delay jit-
ter, and so forth. ATM technology is targeted to be used with BISDN and allows flexible and
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efficient delivery of multimedia data, accommodating many different delays and bit-rate require-
ments [6.16]. Qur goal is not to present an exhaustive survey of issues concerning video trans-
port across generic networks. We choose to concentrate on the general ideas. Details can be
found in several reports [6.17, 6.18, 6.19].

Video applications involve real-time display of the decoded sequence. Transmission
across a CBR channel requires that there is a constant end-to-end delay between the time that the
encoder processes a frame and the time at which that same frame is available to the decoder
[6.17]. Because the channel rate is constant, it will be necessary to buffer the variable rate infor-
mation generated by the video encoder. The size of the buffer memory will depend on the
acceptable end-to-end delay. It is necessary to provide a rate-control mechanism that will ensure
that the buffer does not overflow and that all the information arrives at the decoder. The basic
idea is to lower the video quality for scenes of higher complexity to avoid overflow. The simplest
approach to rate control relies on deterministic mapping of each buffer occupancy level to a
fixed coder mode of operation [6.18]. Some models of the coder have been proposed to set up
coding-rate predictions that are used to drive the buffer control [6.19). In other cases, ideas from
control theory are used to devise the buffer controller {6.20]. In general. the buffer control is
designed for a particular encoding scheme, and the scheme-dependent heuristics tend to be
introduced [6.21, 6.22]. A more detailed review of the problem in connection with a survey of
the algorithms proposed for rate control can be found in Ortega, Ramchandran and Vetterli
[6.23). The goal of all these algorithms is to maximize the received quality given the available
resources.

Whereas ISDN offers both circuit-switched and packet-switched channels, video trans-
mission uses a circuit-switched channel. This is the case for most videoconferencing products.
In this scenario, the transmission capacity available to the end-user is constant throughout the
duration of the call. The main advantage of this approach is its reliability because the channel
capacity is guaranteed. On the other hand. in computer networks, video is manipulated just as
any other type of data. Video data is packetized and routed through the network shariné the
transmission resources with other available services, such as remote login, file transfer, and so
forth, which are also built on the top of the same transport protocols. Such systems are being
implemented on LANs [6.24] and WANs [6.25, 6.26] with both point-to-point and multipoint
connections. The systems are often referred to as best effort because they provide no guarantees
on the end-to-end transmission delay and other parameters. In a best effort environment, the
received video quality may change significantly over time.

ATM networks seek 10"provide the best of both worlds by allowing the flexibility and effi-
ciency of computer networks while providing sufficient guarantees to permit reliable transmis-
sion of real-time services. Using ATM techniques allows flexible use of capacity, permitting
dynamic routing and reuse of bandwidth. Because video compression algorithms produce a vari-
able number of bits, the periods of low activity of one source can be reused by other sources. For
example, for N sources (each requires a CBR channel at a rate R bits/s), it might be possible to
transmit them together across a single channel with a rate less than RN. This reduction in capac-
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ity is the so-called Statistical Multiplexing Gain (SMG). If all services are using their maximum
capacity simultaneously, packets might be lost, so transmission can also be guaranteed most of
the time. Contrary to the best-effort characteristic of most computer networks, ATM networks
are designed so as to allow QoS parameters to be met, at least statistically. ATM networks aim to
accommodate very heterogeneous services, thus allowing a customized set of QoS parameters to
be selected by each application. The ATM design should be able to support both the best-effort
network protocols and circuit-switched connections. However, although the QoS parameters are
meaningful for non-real-time data, they are not the only factors to take into account for real-time
video transmission. Video differs from other types of data in that acceptable transmission quality
can be achieved even if some of the data is lost [6.16). The effect of packet losses, which in other
applications results in retransmission of data, can be reduced in the video case with appropriate
encoding strategies combined with error-concealment techniques. :

We now examine some of the network design issues, emphasizing those aspects that
directly affect video transmission. Admission control is the task of deciding whether a new con-
nection with a given set of requested QoS parameters can be allowed into the network. The con-
nection should be admitted if it can be guaranteed to have the required QoS without degrading
the QoS of other ongoing connections. Because video encoders produce variable rates, a key
factor in the admission control problem is to find statistical models for the expected bit rates of
video sources. A model characterizes the bit rate of a video connection at various time scales and
attempts to capture the short- and long-term dependencies in the bit rate as well. Typical models
are correlated with the number of bits for the previous frame [6.27] or Markov chains [6.28]. For
a given mode}, the performance of the network model based on different routing and queuing
strategies can be examined. The decision on whether to admit a call can be made based on the
expected performance of the network. Admission control is much simpler for circuit-switched
networks, because the transmission resources are constant throughout the duration of the call.
The only issue is to find out whether currently unused resources are sufficient to carry the addi-
tional call. If they are sufficient, the call can be compieted; otherwise, it will be rejected. In the
ATM environment, the resources needed by each of the services change over time. Thus, the
main problem is to estimate the likelihood that resources will be insufficient to guarantee QoS.
Best-effort networks do not perform explicit admission control, but insufficient QoS during
high-load conditions will drive users out or make them delay their connection [6.29]. Admission
control is part of the negdtiation process between user and network to set up a connection. The
result of the negotiation is a contract that will specify the traffic parameters of the connection.
Typical traffic parameters are peak celi rate and sustainable cell rate. These are operational mea-
sures of the offered bit rate and are implemented with counters.

The function called Usage Parameter Control {(UPC), or policing mechanisms, has the
goal of preventing sources from maliciously or unwillingly exceeding the traffic parameters
negotiated at call setup. Typically, the network will look at policing methods that are directly’
linked to the negotiated traffic parameters. For instance, if a certain peak cell rate has been
agreed upon, the policing mechanism may consist of a counter that tracks the peak rate and ver-
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ifies that it does not exceed the negotiated value. One of the most popular policing mechanisms,
due to its simplicity, is the so-called leaky bucket [6.30]. A leaky bucket is simply a counter
incremented with each celi arrival and decremented at fixed intervals such that the decrement is
equivalent to an average cell rate of R. The other parameter of the leaky bucket is the size of the
bucket, that is, the maximum allowable value for the counter. The network can detect violations
by monitoring whether the maximum value of the counter is reached. If the same cells are found
to be violating the policing functions, the network can decide to delete them or to just mark them
for possible deletion in case of congestion. The choice of policing function is important because
it may determine the type of rate that the sources will transmit through the network.

Video-encoding algorithms for ATM transmission need to be robust to packet losses. This
can be achieved in part by using a multiresolution encoding scheme along with different levels
of priorities for the cells corresponding to each resolution. Additionally, error-concealment tech-
niques can be used to mark to some extent the perceptual effects in the decoded sequence of the
loss information,

Muitiresolution encoding schemes separate the information into two or more layers or res-
olutions. The coarse resolution contains a rough approximation of the full resolution image or
sequence. The enhancement or details resolution provides the additional information needed to
feconstruct at the decoder the full resolution sequence at the targeted quality. The coarse resolu-
tion sequence is obtained by reducing the spatial or temporal resolution of the sequence or by
having images of lower quality. A survey of muitiresolution encoding techniques can be found in
Vetterli and Uz [6.31]. To take advantage of the multiresolution encoding, the information is
packetized into two classes of packets according to whether the priority bit provided by the ATM
format is set or not [6.16]. The coarse resolution will be transmitted using high priority packets
while the detail resolution will be sent with the low priority ones. Using the properties so that the
packets with lower priority are discarded first in case of congestion is beneficial in terms of the
end-to-end quality [6.32].

A further advantage of using multiresolution coding schemes is that they enable efficient
error concealment technigues [6.33, 6.34, 6.35, 6.36]. The idea is to use the available informa-
tion, that is, packets that were not lost, to interpolate the missing information. When multiresolu-
tion coding is used, the information decoded from only the lower resolution layer may be
sufficiently good. Other approaches that have been proposed involve interleaving the informa-
tion so that a cell loss causes minor perceptual degradation in several image blocks (10 to 100)
rather than severe degradation in just a few blocks (1 to 10).

ATM transmission provides the possibility of transporting a variable number of bits per
frame and thus could seem to make the use of rate control unnecessary. This view is not realistic
because each connection will be specified by a series of traffic parameters that will be monitored
by the network. Transmission over th- limits set by the traffic characteristics may result in lost
packets, so rate control is still necessary [6.17]. We can make the distinction between rate con-
trol and rate shaping. Rate control entails changing the rate produced by the encoder, and rate
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shaping only affects the times at which cells are re-sent to the network, but not the total amount
of information transmitted.

6.2.1 Layered Video Coding

An often-cited approach for coping with receiver heterogeneity in real-time muitimedia transmis-
sion is the use of layered media streams. In this model, the source distributes multiple levels of
quality sirmuitaneously across multiple network channels. In turn, each receiver individually
tunes its receplion rate by adjusting the number of layers that it receives., The net effect is that the
signal is delivered to a heterogeneous set of receivers at different levels of quality using a hetero-
geneous set of rates. To fully realize this architecture, we must solve two subproblems: the lay-
ered compression problem and the layered transmission problem. In other words, we must
develop a compression scheme that allows us 1o generate multiple levels of quality using multiple
layers simultaneously with a network delivery mode that allows us to selectively deliver a subset
of layers to individual receivers. We first define the layered compression problem.

Layered Compression
Given a sequence of video frames {F;, F,,...}, for example, F, e [0, 255]"***" for gray-scale NTSC
video, we want to find an encoding E that maps a given frame into L discrete codes, (that is, into L

layers): E: F,— {C;Cf} and further a decoding D that maps a subset of M < L codes into a
reconstructed frame, F¥, D {C‘,...,C,f"} — EM with the property that d(ﬂ, E‘MJ Zd(ﬁ, F;”)

for 0 <m<n< L and a suitably chosen metric d (for example, mean squared error or a perceptual
distortion measure). With this decomposition, an encoder can produce a set of codes that are striped

across multiple network channels {,,...,N, } by sending codes {C{‘Cé‘} across N,. A receiver

AM A M

can then receive a subset of the flows {Nl,...,NM} and reconstruct the sequence { Fi . F; } One

approach for delivering multiple levels of quality across multiple network connections is to encode
the video signal with a set of independent encoders each producing a different output rate. Hence, we

can choose a D=(D,,..,D,) where D :C] — }:1 . This approach, often called simuicast, has the

advantage that we can use existing codecs and/or compression algorithms as system components.
Figure 6.10 illustrates the simplicity of a simulcast coder. It produces a multirate set of signals that are
independent of one another. Each layer provides improved quality, but does not depend on subordi-
nate layers. Here, we show an image at multiple resolutions, but the refinement can occur across
dimensions of line frame rate or SNR. A video signal is duplicated across the inputs to a bulk of inde-
pendent encoders. These encoders compress the signal to a different rate and different quality. Finally,
the decoder receives the signal independent of the other layers. In simulcast coding, each layer of
video representing a resolution or quality is coded independently. Thus, a single layer (nonscalable)
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Figure 6.10 Simulcast coder.

decoder can decode any layer. In simulcast coding, total available bandwidth is simply portioned
depending on the quality desired for each independent layer that needs to be coded. It is assumed that
independent decoders would be used to decode each layer [6.37].

In contrast, a layered coder exploits correlation across subflows to achieve better overall
compression. The input signal is compressed into a number of discrete layers, arranged in a hier-
archy that provides progressive refinement. For example, if only the first layer is received, the
decoder will produce the lowest quality version of the signal. On the other hand, if the decoder
receives two layers, it will combine the second-layer information with the first layer to produce
improved quality. Overall, the quality progressively improves with the number of layers that are
received and decoded.

Figure 6.11 gives a rough sketch of the trade-off between the simulcast and layered
approaches from the perspective of rate-distortion theory. Each curve traces the distortion
incurred for imperfectly coding an information source at the given rate. Distortion rate functions
for an ideal coder D((R), a real coder Dy(R), a layered coder D (R) and a simulcast coder Dg(R)
are presented. The distortion measures the quality degradation between the reconstructed and
original signals. The ideal curve DyR) represents the theoretical lower bound on distortion

Distortion

R
» Figure 6.11
Rate distortion characteristics.
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achievable as a function of rate. A real coder Dg(R) can perform close to the ideal curve, but
never better. The advantage of layer representation is that both the encoder and decoder can
travel along the distortion rate curve. That is, to move from point (1) to (2) on D {R), the encoder
carries out incremental computation and produces new output that can be appended to the previ-
ous output. Conversely, to move from point (3) to (4) on De(R}, the encoder must start from
scratch and compute a completely new output string. Finally, a simulcast coder Dy(R) incurs the
most overhead because each operating point redundantly contains all of the operating points of
lesser rate.

The structure of a layered video coder is given in Figure 6.12. The input video is com-
pressed by a tayered coder that produces a set of logically distinct output strings. The decoder
module D is capable of decoding any cumulative set of bitstrings. Each additional string pro-
duces an improvement in reconstruction quality.

Layered Transmission

By combining the approach of layered compression with a layered transmission system, we can
solve the multicast heterogeneity problem. In this architecture, the simulcass source produces a
layered stream where each layer is transmitted on a different network channel. The network for-
wards only the number of layers that each physical link can support. Each user receives the best
quality signal that the network can deliver. The network must be able to drop layers selectively at
each bottleneck link. The concept of layered video coding was first introduced in the context of
ATM networks [6.38, 6.39]. The video information is divided into several layers, with lower lay-
ers containing low-resolution information and higher layers containing the fine information.
Such a model enables integration of video telephony and broadcast video services. In the former
case, where a bandwidth is at a premium, lower layers can provide the desired quality. In broad-
cast applications, a variable number of higher layers can be integrated with the lower ones to
provide the quality and the bit rate that is compatible with the receiver.

6.2.2 Error-Resilient Video Coding Techniques

Error-resilience techniques for real-time video transport across unreliable networks include pro-
tocol and network environments and their characteristics, encoder envor-resilience tools; decoder
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error-concealment techniques and techniques that require cooperation among encoder, decoder
and the network. A typical video transmission system involves five steps as shown in Fig-
ure 6.13. The video is first compressed by a video encoder to reduce the data rate. The com-
pressed bit stream is then segmented into fixed or variable length packets and multiplexed with
other data types such as audio. The packets might be sent directly across the network if the net-
work guaraniees bit-error-free transmission. Otherwise, they usually undergo a channel-encod-
ing stage, typically using Forward Error Correction (FEC), to protect them from transmission
errors. At the receiver end, the received packets are FEC decoded and unpacked. The resulting
bit stream is then input to the video decoder to reconstiuct the original video. In practice, many
applications embed packetization and channel encoding in the source coder as an adaptation
layer to the network.

To make the compressed bit stream resilient to transmission errors, one must add redun-
dancy into the stream so that it is possible to detect and correct errors. Such redundancy can be
added in either the source or channel coder. The classical Shannon information theory states that
one can separately design the source and channel coders to achieve error-free delivery of a com-
pressed bit stream as long as the source is represented by a rate below the channel capacity.
Therefore, the source coder should compress a source as much as possible for a specified distor-
tion. The channel coder can then add redundancy through FEC to the compressed stream to
enable the correlation of transmission errors. All the error-resilient encoding methods make the
source coder less efficient than it can be so that erroneous or missing bits in a compressed stream
will not have a disastrous effect on the reconstructed video quality. This is usually accomplished
by carefully designing both the predictive coding loop and variable length coder to limit the
extent of error propagation.

Mechanisms devised for combating transmission errors can be categorized into three
groups:

» Those introduced at the source and channel encoder to make the bit stream more
resilient to potential errors. -

« Those invoked at the decoder upon detection of errors to conceal the effect of errors.

« Those that 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.

We will refer to ail of them as error-resilience techniques.
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Error-Resilient Encoding
In this approach, the encoder operates so that transmission errors on the coded bit stream will
not adversely affect the decoder operation and lead to unacceptable distortions in the recon-
structed video quality. Compared to coders that are optimized for coding efficiency, error-resil-
ient coders typically are less efficient in that they use more bits to obtain the same video quality
in the absence of any transmission errors. The extra bits are called redundancy bits, and they are
introduced to enhance the video quality when the bit stream is corrupted by transmission errors.
The design goal in error-resilient coders is to achieve a maximum gain in error resilience with
the smallest amount of redundancy.

There are many ways to introduce redundancy in the bit stream. Some of the techniques
help to prevent error propagation, and others enable the decoder to perform better error conceal-
ment upon detection of errors. Yet another group of techniques is aimed at guaranteeing a basic
level of quality and providing a graceful degradation upon the occurrence of transmission errors
[6.40, 6.41].

One main cause for the sensitivity of a compressed video stream to transmission errors is
that a video coder uses VLC to represent various symbols. Any bit errors or lost bits in the mid-
dle of a code word can not only make this code word undecodable, but they can also make the
following code words undecodable, even if they are received correctly.

One simple and effective approach for enhancing encoder error resilience is by inserting
resynchronization markers periodically. Usually, some header information is attached immedi-
ately after the resynchronization information. Obviously, insertion of resynchronization markers
will reduce the coding efficiency [6.41]. In practical video-coding systems, relatively long syn-
chronization code words are used.

With RVLC, the decoder can not only decode bits after a resynchronization code word, but
also decode the bits before the next resynchronization code word, from the backward direction.
Thus, with RVLC, fewer correctly received bits will be discarded, and the affected area by a
transmission error will be reduced. RVLC can help the decoder to detect errors that are not
detectable when non-RVLC is used, or it can provide more information on the position of the
errors and increase the amount of data unnecessarily discarded. RVLC has been adopted in both
MPEG-4 and H.263 in conjunction with the insertion of synchronization markers.

Because of the syntax constraint present in compressed video bit streams, it is possible to
recover data from a corrupted bit stream by making the corrected stream conform to the right
syntax. Such techniques are very much dependent on the particular coding scheme. The use of
synchronization codes, RVLC and other sophisticated entropy coding means, such as error-
resilient entropy coding, can all make such recovery more feasible and more effective.

Another major cause for the sensitivity of a compressed video to transmission errors is the
use of temporal prediction. After an error occurs so that a reconstrugted frame at the decoder dif-
fers from that assumed at the encoder, the reference frames used in the decoder from there on will
differ from those used at the encoder. Consequently, all subsequent reconstructed frames will be
in error. The use of spatial prediction for the DC coefficients and motion vectors will also cause
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error propagation, although it is confined within the same frame. In most video-coding standards,
such spatial prediction, and therefore error propagation, is further limited to a subregion in a
frame.

One way to stop temporal error propagation is by periodically inserting intracoded pic-
tures. For real-time applications, the use of intraframes is typically not possible due to delay
constraints. However, the use of a sufficiently high number of intracoded pictures has turned out
to be an efficient and highly scalable tool for error resilience. When applying intracoded pictures
for error-resilience purposes, both the number of such intracoded pictures and their spatial
placement have to be determined. The number of necessary intraframes is obviously dependent
on the quality of the connection. The currently best known way for determining both the correct
number and placement of intraframes for error-resilience purposes is the use of a loss-aware rate
distortion optimization scheme [6.42]. )

Another approach to limit the extent of error propagation is to split the data domain into
several segments and to perform temporal/spatial prediction only within the same segment. In
this way, the error in one segment will not affect another segment. One such approach is to
include even-indexed frames in one segment and odd-indexed frames into another segment.
Even frames are only predicted from even frames. This approach is called video redundancy
coding [6.43]. It can also be considered as an approach for accomplishing muiltiple description
coding. Anocther approach is to divide a frame into regions, and a region can only be predicted
from the same region of the previous frame. This is known as Independent Segment Decoding
(ISD) in H.263,

By itself, layered coding is a way to enable users with different bandwidth capacities or
decoding powers to access the same video at different quality levels. To serve as an error-resil-
ience tool, layered coding must be paired with UEP in the transport system so that the base layer
is protected more strongly, for example, by assigning a more reliable subchannel, using stronger
FEC codes or allowing more retransmissions [6.44]. There are many ways to divide a video sig-
nal into two or more layers in the standard block-based hybrid video coder. For example, a video
can be temporally down-sampled, and the base layer can include the bit stream for the low-
frame-rate video, whereas the enhancement layers can include the error between the original
video and the up-sampled one from the low frame-rate coded video. The same approach can be
applied to the spatial resolution so that the base layer contains a small frame-size video. The
base layer can also encode the DCT coefficients of each block with a coarser quantizer, leaving
the fine details to be specified in the enhancement layers. Finally, the base layer may include the
header and motion information, leaving the remaining information for the enhancement layer. In
MPEG and H.263 terminologies, the first three options are known as temporal, spatial and SNR
scalabilities, respectively, and the last one is data partitioning.

As with layered coding, Multiple Description Coding (MDC) also codes a service into
several substreams, known as descriptions, but the decomposition is such that the resulting
descriptions are correlated and have similar importance. For each description to provide a cer-
tain degree of quality, all the descriptions must share some fundamental information about the
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source and must be correlated. On the other hand, this correlation is also the rate of redundancy
in MDC. An advantage of MDC over layered coding is that it does not require special provisions
in the network to provide a reliable channel. To accomplish their respective goals, layered cod-
ing uses a hierarchical, decorrelating decomposition, whereas MDC uses a nonhierarchical, cor-
relating decomposition [6.45].

The objective of error-resilient encoding is to enhance robustness of compressed video to
packet loss. The standardized error-resilient encoding schemes include resynchronization mark-
ing, data partitioning, and data recovery. For video transmission across the Internet, the bound-
ary of a packet already provides a synchronization point in the variable-length coded bit stream
at the receiver side. With MDC, we have robustness to loss of enhanced quality. If a receiver gets
only one description (other descriptions being lost), it can still reconstruct video with acceptable
quality. If a receiver gets multiple descriptions, it can combine them to produce a better recon-
struction than that produced from any one of them. To make each description provide acceptable
usual quality, each description must carry sufficient information about the original video. This
will reduce the compression efficiency compared to conventional Single Description Coding
(SPC). In addition, aithough more combined descriptions provide a better visual quality, a cer-
tain degree of correlation between the multiple descriptions has to be embedded in each descrip- .
tion, resulting in further reduction of the compressed efficiency.

Decoder Error Concealment

Decoder error concealment refers to the recovery or estimation of lost information due to trans-
mission errors. Given the block-based hybrid coding paradigm, three types of information may
need to be estimated in a damaged MB: the texture iriformation, including the pixel and DCT
coefficients values for either an original image block or a predictive error block; the motion
estimation, consisting of Motion Vectors (MV) for an MB in either P- or B-mode and, finally,
the coding mode of MB. A simple and yet very effective approach to recover a damaged MB in
the decoder is by copying the corresponding MB in the previously decoded frame, based on the
MYV for this MB. The recovery performance by this approach is critically dependent on the
availability of the MV. To reduce the impact of the error in the estimated MVs, temporal predic-
tion may be combined with spatial interpolation. Another simple approach is to interpolate pix-
els in a damaged block from pixels in adjacent correctly received blocks as ail blocks or MBs in
the same row are put into the same packet. The only available neighboring blocks are those in
the current row and the row above, Because most pixels in these blocks are too far away from
the missing samples, usually only the boundary pixels in neighboring blocks are used for inter-
polation [6.46). Instead of interpolating individual pixels, a simple approach is to estimate the
DC coefficient (that is, the mean vaiue) of a damaged block and replace the damaged block by
a constant equal to the estimated DC value. The DC value can be estimated by averaging the
DC values of surrounding blocks [6.47]. One way to facilitate such spatial interpolation is by
an interleaved packetization mechanism so that the loss of one packet will damage only every
other block.
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A problem with the spatial interpolation approach is how to determine an appropriate
interpolation filter. Another shortcoming is that it ignores received DCT coefficients, if any.
These problems are resolved in [6.34] by requiring the recovered pixels in a damaged block to
be smoothly connected with its neighboring pixels (Zhu, Wang, and Shaw), both spatially in the
same frame and temporally in the previous/following frames. .

Another way of accomplishing spatial interpolation is by using spatial interpolation using
the Projection Onto Convex Set (POCS) method [6.48, 6.49]. The general idea behind POCS-
based estimation methods is to formulate each constraint about the unknowns as a convex set.
The optimal solution is the intersection of all the convex sets, which can be obtained by recur-
sively projecting a previous solution onto individual convex sets. When applying POCS for
recovering an image block, the spatial smoothness criterion is formulated in the frequency
domain by requiring the DFT of the recovered block to have energy only in several low fre-
quency coefficients. If the damaged block is believed to contain an edge in a particular direction,
one can require the DFT coefficients to be distributed along a narrow strip orthogonal to edge
direction, that is, low pass along the edge direction and all pass in the orthogonal direction, The
requirement on the range of each DFT coefficient magnitude can also be converted into a convex
set. Because the solution can oniy be obtained through an iterative procedure, this approach may
not be suitable for real-time applications.

Error-Resilient Entropy Code
Video coders encode the video data using VLCs. Thus, in an error-prone environment, any error
would propagate throughout the bit stream unless we provide a means of resynchronization. The
traditional way of providing resynchronization is to insert special synchronization code words
into the bit stream. These code words should have a length that exceeds the maximum VLC code
length and also be robust to errors. Thus, a synchronization code should be recognized even in the
presence of errors. The Error-Resilient Entropy Code (EREC) 55 an alternative way of providing
synchronization. It works by rearranging variable-length blocks into fixed-length slots of data
prior to transmission. The EREC is dpplicable to variable-length codes. For example, these blocks
can be macroblocks in H.263. Thus, the output of the coding scheme is variable-length blocks of
data. Each variable-length block must be a prefix code. This means that, in the presence of errors.
the block can be decoded without reference to previous or future blocks. The decoder should also
be able to know when it has finished decoding a block. The EREC frame' structure consists of N

slots of length s; bits. This, the total length of the frame, is T - i& [Bits]. 1t is assumed that the
. i=1
values of T, N and s, are known to both the encoder and the decoder. Thus, the N slots of data can
be transmitted sequentially without the risk of loss of synchronization. EREC reorganizes the bits
of each block into the EREC slots. The decoding can be performed by relying on the ability to
determine the end.of each variable-length block. Figure 6.14 shows an example of the operation
of the EREC algoﬁtl'lm. There are six blocks of lengths 11, 9, 4, 3, 9, 6 and six equal length slots
with 5,27 bits. In the first stage of the algorithm, each block of data is allocated to a corresponding
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Figure 6.14 Anexample of the
EREC algorithm [6.48].
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EREC slot [6.48]. Starting from the beginning of each variable-length block, as many bits as pos-
sible are placed into the corresponding slot. In the following stages of the algorithm, each block
with data vet to be coded searches for slots with space remaining. If there is space available in the
slot searched, all or as many bits as possible are placed into that slot. If there is enough space in
the slots, the reallocation of the bits will be completed within N stages of the algorithm. The final
result of the EREC algorithm is shown in Figure 6.14. In the absence of errors, the decoder starts
decoding each slot. If it finds the block end before the slot end, it knows that the rest of the bits in
that slot belong to other blocks. If the slot ends before the end of the block is found, the decoder
has to look for the rest of the bits in another slot. In case one slot is corrupted, the location of the
beginning of the rest of the slots is still known, and the decoding of them can be attempted.

6.2.3 Scaléble Rate Control

The main challenge in designing a multimedia application across a communication network is
how to deliver multimedia streams to users with minimal replay jitters. In general, a network-
based multimedia system can be conceptually viewed as a layer-structure system, which consists
of application layer on the top, compression layer, transport layer and transmission layer, as
shown in Figure 6.15 [6.49]. To diminish the impact on the video quality due to the delay jitter
and available network resources (for example, bandwidth and buffers), traffic shaping and SRC
are qualified candidates at two different system levels. Traffic shaping is a transport-layer
approach, and SRC is a compression-layer approach.

The basic concept behind the traffic-shaping approach is that, before the encoded video bit
stream is injected into the network for transmission, the traffic pattern is already shaped with the
desired characteristics, such as maximal detay bounds and peak instantaneous rate [6.50]. There-
fore, all the system components along the network path from the sender to the receiver can be
configured to meet the QoS as desired by allocating the appropriate resources a priori. On the
other hand, the SRC approach is a compression-layer technique where the source video
sequence is compressed according to the application’s requirement and available network
resource.

In the development of an SRC scheme, we need to consider a common feature of employ-
ing an Internet-frame coding between two consecutive video frames in several widely used
video-compression schemes such as MPEG-1, MPEG-2 and H.263. Although the interframe
coding scheme exploits the similarity usually found in encoding two consecutive video frames
and achieves significant coding efficiency, the output with a variable-length video bit stream is
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Figure 6,15 Layer structure of a network-based multimedia
system [6.49]. ©2000 IEEE.

not well suited for a fixed-rate communication channel. To better use network resources and to
transmit coded video bit stream as accurately as possible, the network parameters and encoding
parameters should be jointly considered, and their relationship should be modeled accurately.
Technically speaking, rate control is a decision-making process where the desired encoding rate
for a source video can be met accurately by properly setting a sequence of Quantization Parame-
ters (QP). To cope with various requirements of different coding environments and applications,
a rate-control scheme needs to provide sufficient flexibility and scalability, For example, multi-
media applications are categorized into two groups, which are VBR application and CBR appli-
cation. For VBR applications, rate control attempts to achieve the optimum quality for a given
target rate. In CBR and real-time applications, a rate-control scheme must satisfy low-latency
and buffer constraints. In addition, the rate-control scheme has to be applicable to a variety of
sequences and bit rates, Thus a rate-contro! scheme must be scalable for various bit rates, vari-
ous spatial resolutions, various temporal resolutions, various coders (DCT and wavelet) and var-
ious granularities of VO.

The purpose of rate control is consequently to enforce the specification of the bit stream.
The general system is shown in Figure 6.16. The bit stream from the coder is fed into a buffer at
a rate R’(t), and it is served at some rate Ju(t) so that the output rate R(t) meets the specified
behavior. The bit stream is smoothed by the buffer whenever the service rate is below the input
rate. The size of the buffer is determined by delay and implementation constraints. In the
encoder, the compression rate is increased when buffer overflow is at risk. The issue is to reduce
the variability of the rate function R(t) while minimizing the effects of the consistency of the
perceptual quality [6.51, 6.52]. The joint problem of traffic characterization and rate control is te
find a suitable description of the bit stream that is sufficiently useful to the network and that can
be enforced without overly throttling the compression rate. Provided that a model has been cho-
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sen, the user should not estimate the parameters for it and find a way to regulate the service rate
u(t) so that R(t) strictly obeys the specification. The network would then have the possibility to
verify that the traffic is in accordance with its specifications,

Rate Control Techniques
In developing a rate-control technique, there are two widely used approaches:

» Analytical model-based approach
+ Operational rate distortion R(D)-based approach

In the model-based approach, various distribution characteristics of signal source along
with associated guarantees are considered. Based on the selected model, a closed-form solution
is derived using optimization theory. Such a theoretical optimization solution cannot be imple-
mented easily because there is only a finite discrete set of quanitzers and the source signal
model varies spatially. Alternatively, an operational R(D)-based approach is used in a practical
coding environment. For example, 1o minimize the overall coding distortion subject to a total bit
budget constraint, lots of techniques based on dynamic programming or Lagrangian multiplier
for optimization solutions have been developed {6.53, 6.54, 6.55, 6.56]. These methods share
the similar concepts of data preanalysis. By analyzing the R(D) characteristics of future frames,
the bit-allocation strategy is determined afterward. The Lagrangian multiplier is a well-known
technique for optimal bit allocation in image and video coding, but. with an assumption that the
source consists of statistically independent components. Thus, an interframe-based coding may
not find the Lagrangian multiplier approach applicable because of the temporal dependency.

Frame dependencies are taken into account in bit-rate control {6.54]. However, potentially
high complexity with increasing operating R(D) points make this method unsuitable for the
applications requiring interactivity or low encoding delay. In [6.57], Ding investigated a joint
encoder and channel rate-control scheme for VBR video across ATM networks and claimed that
the rate control scheme has to balance both issues of consistent videoquality in the encoder side
and bit-stream smoothness for statistical multiplexing gain in the network side. A parametric
R(D) model for MPEG encoders, especially for the picture-level rate control, has been proposed
[6.58]. Based on the bit rate “m quant™ model, the desired “m quant” is calculated and used for
encoding every MB by combining with appropriate quantization matrix entry in a picture. A nor-
malized R(D) model-based approach has been also developed for H.263-compatible video
codecs. By providing good approximation of all 32 rate-distortions relations, the authors claim
that the proposed model offers an efficient and less-memory-requirements approach to approxi-
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mate the rate and distortion characteristics for all QPs [6.59]. Rate-conirol techniques for
MPEG-4 object-level and MB level video coding were proposed in [6.60, 6.61]. However, most
of the aforementioned techniques only focus on a single coding environment, either frame level,
object level or macro level. None of these techniques demonstrates its applicability to MPEG-4
video coding, including the previous three coding granularities simultaneously.

In Lee, Chiang and Zhang [6.49], based on a revised quadratic R(D) model, SRC proposes
a single framework that is designed to meet both VBR without delay constraints and CBR with
low latency and buffer constraints. With this scalable framework based on a new R{D) model
and several new concepts, not only more accurate bit rate control with buffer regulation is
achieved, but scalability is also preserved for all test video sequences in various applications
[6.62]. By considering video conteats and coding complexity in the quadratic R(D) model, the
rate-control scheme with joint buffer control can dynamically and appropriately allocate the bits
among VOs to meet the overall bit-rate requirement with uniform video quality.

Because of the precision of the R(D) mode} and ease of implementation, the rate-control
scheme with the following new concepts and techniques has been adopted as part of the rate-
control scheme in MPEG-4 standard:

* A more accurate second order R{(D) model for target bit-rate estimation

* A sliding-window method for smoothing the impact of scene change

* An adaptive selection criterion of data points for a better mode] updating process
* An adaptive threshold shape control for better use of bit budget

» A dynamic bit-rate allocation among VOs with different coding complexities

This rate-control scheme provides a scalable solution, meaning that the rate-control tech-
nique offers a general framework for multiple layers of control for objects, frames and MBs in
various coding contexts.

Theoretical Foundation of the SRC
In the R(D) model, the distortion is measured in terms of quantization parameter [6.49]. The

block diagram is presented in Figure 6.17.
The rate control consists of four stages: initialization stage. pre-encoding stage, encoding
stage and post-encoding stage. Assuming that the source statistics are Laplacian distributed

16.63]):

P(x)=£;-e’““‘, where — e < x < oo (6.5)

of vx)-

The distortion measure is defined as

X — X

(6.6)
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Figure 6.17 Block diagram of the SRC [6.49]. ©2000 |EEE.

There is a closed-form solution for the R(D) functions derived in Viterbi and Omura [6.64}:

I
RiD)=In| — )
) n[aD] (67)

where

I
=0. D :é, 0<D<— (6.8)

min max o

The R(D) function is expanded into a Taylor series
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Based on this observation, a new model to evaluate the target bit rate before performing
the actual encoding process is presented in Lee, Chiang and Zhang [6.49]. The new model is for-
mulated as follows

R=a 0 +a,Q” (6.10)

where R, is the total number of bits used for encoding the current frame i, Q, is quantization level
used for the current frame i, and ¢, and ¢, represent first and second order coefficients.
Although this model provides the theoretical foundation for the rate-control scheme, the major
drawback is its lack of considering two factors. At first, the R(D) model is not scalable for video
contents. Second, the R(D) modei does not exclude the bit counts used for coding the overhead
including video/frame syntax, motion vectors and shape information.

To enhance the R{D) model with more accuracy, a simple prediction is used to predict
those bits using the last coded frame as a reference. These bits used for nontexture information
are considered as constant numbers irrespective of this distortion and are excluded from the tar-
get bit-rate estimation. To accurately estimate the target bit rate with scalability, the original qua-
dratic R(D) formula is modified by introducing two new parameters: Mean Absolute Difference
{MAD) and nontexture overhead (H).

RleHi =a, Q:' +ao Q;z (6.11)

1

where R;, Q,and ¢, o, are previously defined, H denotes the bits used for header, motion vec-
tors and shape information and M, represents MAD, computed using motion-compensated resid-
ual for the luminance component (that is, Y component).

To solve the target bit rate, it is assumed the video is encoded first as an I-frame and subse-
quently as P-frames. The scheme has been extended to variable GOP structure and B-frames.
Let T, be the bit budget used for the first I-frame, N, the number of P-frames, H, the bit budget
used for nontexture information and T, the bit budget used for all P-frames. Then, the total bit
budget is

R=T+N T

i rop
T,-H, . . (6.12)
M =q, Qp + aZIQp

P

Then, the T, and Q, can be obtained based on the technique described in Chang and Zhang
[6.63].
Let

X0 =[1170,0)] and ¥, =[Q,0) T, (6.13)

where i = 1,2,.._,n, and n is the number of selected data samples. Then

[ai:|=(xr X)Xy (6.14)

2
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Based on these two model parameters ¢, and g, , the quantization level Q, and target bit rate T,
can be computed before encoding the next frame.

In the initialization stage, the major tasks that the encoder has to complete with respect to
the rate control include the following:

» Initializing the buffer size based on the latency requirement
» Subtracting the bit counts of the first frame from the total bit counts
« Initializing the buffer fullness in the middle level

Without loss of generality, we assume that the video sequence is encoded first as an I-
frame and subsequently as P-frames. In this stage, the encoder encodes the first [-frame using an
initial Qy, value specified as an input parameter.

In the pre-encoded stage, the tasks of the rate control scheme include target bit estimation,
further adjustment of the target bit based on the buffer status for each VO and QP calculation.
The target bit count is estimated in the following phases: frame-level bit rate; object level, if
desired and MB level bit-rate estimation, if desired.

In the encoding stage, the major tasks that the encoder has to complete include the follow-
ing: encoding the video frame (object), recording all actual bit rates and activating the MB layer
rate control if desired. In the encoding stage, if either the frame or object-level rate control is
activated, the encoder compresses each video frame or VO using Q as computed in the pre-
encoding stage. However, some low-delay applications may require strict buffer regulations, less
accumulated delay and better spatial perceptual quality. An MB level rate control is necessary.
However, an MB level rate control is costly at low raies because there is additional overhead if
the QP is changed frequently within a frame.

In the postencoding stages, the encoder needs to complete the following tasks: updating
the corresponding quadratic R(D) model for the entire frame or an individual VO, performing
the shape-threshold control to balance the bit usage between the shape information and texture
information and performing the frame-skipping control to prevent the potential buffer overflow
and/or underfiow.

6.2.4 Streaming Video across the Internet

Real-time transport of live video or stored video is the predominant part of real-time multi-
media. On the other hand, video streaming refers to real-time transmission of stored video.
There are two modes for transmission of stored video across the Internet: the download
mode and the streaming mode. In the download mode, a user downloads the entire video file
and then plays back the video file. However, full file transfer in the download mode usually
suffers long and perhaps unacceptable transfer time. In the streaming mode, the video con-
tent need not be downloaded in full, but is being played out while parts of the content are
being received and decoded. Due to its real-time nature, video streaming has bandwidth,
delay and loss requirements. Designing mechanisms and protocols for streaming video pose
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many challenges. Streaming video has six key areas: video compression, application-layer
QoS control, continous media distribution services, streaming servers, media synchroniza-
tion mechanisms and protocols for strearning media. Each of the six areas is a basic build-
ing block with which an architecture for streaming video can be built. The relations among
these basic building blocks are illustrated in Figure 6.18 [6.64, 6.65]. Raw video and audio
data are precompressed by video compression and audio compression algorithms and saved
in storage devices. Upon the client’s request, a streaming server retrieves compressed audio/
video data from storage devices. Then, the application layer QoS control module adapts the
audio-video bit streams according to the network states and QoS requirements. After the
adaptation, the transport protocols packetize the compressed bit streams and send the audio-
video packets to the Internet. Packets may be dropped as they experience excessive delays
inside the Internet due to congestion. To improve the quality of audio-video transmission,
continuous media distribution services are developed for the Internet. For packets that are
successfully delivered to the receiver, they first pass through the transport layers and then
are processed by the application layer before being decoded at the audio-video decoder. To
achieve synchronization between video and audio presentations, media synchronization
mechanisms are required. As it can be seen, these areas are closely related, and they are
coherent constituents of the video streaming architecture.

Client/Receiver

Streaming Server

Storage Device
Video Comp
Im'ml Compression Video

Compression Aucio

Application-layer Application-aysr
QoS Control QoS Control

T !

internet

(Continuous medka distribution services| )

Figure 6.18 Video-streaming architecture [6.65]. ©2001 |EEE.

Video Compression
Video streaming is an important component of many Internet multimedia applications, such as
distance learning, digital libraries, home shopping and video on demand. The best-effort nature
of the current Internet poses many challenges to the design of streaming-video systems. Our
objective is to give the reader a perspective on the range of options available and the associated
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trade-off among performance, functionality and complexity of existing approaches. To provide
insights on design of streaming-video systems, we begin with video compression. Raw video
must be compressed before transmission to achieve efficiency. Video-compression schemes can
be classified into two categories: scalable and nonscalable video coding. Scalable video is capa-
ble of gracefully coping with the bandwidth fluctuations on the Internet [6.66]. Because raw
video consumes a large amount of bandwidth, compression is usually employed to achieve a
transmission efficiency. The primary objectives of ongoing research on scalable video coding are
to achieve high compression efficiency, high flexibility (bandwidth scalability) and/or low com-
plexity. Due to the conflicting natore of efficiency, flexibility and complexity, each scalable
video-coding scheme seeks a trade-off among these three factors. Designers of video-streaming
service need to choose an appropriate scalable video-coding scheme that meets the target effi-
ciency and flexibility at an affordable cost/complexity. For simplicity, we only show the encoder
and decoder in intramode and only use DCT. Intramode coding refers to coding a video unit (for
example, an MB) without reference to previously coded data. For wavelet-based scalable video
coding, we recommend references [6.67,6.68, 6.69]. A nonscalable video encoder and decoder
are presented in Figure 6.19.

Video Encoder Video Decoder

Compressed

Raw Bit-stream Dacoded
e (oo o e v o o o o RS

Figure 6.19 Nonscalable video encoder and video decoder.

In contrast, a scalable video encoder (Figure 6.20) compresses a raw video sequence into
multiple subsireams. One of the compressed substreams is the base substream, which can be
independently decoded and can provide coarse visual quality. Other compressed substreams are
enhanced substreams, which can only be decoded together with the base substream and which
can provide better visual quality. The complete bit stream (that is, combination of all the sub-
streams) provides the highest quality.

Base Layer Base Layer
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Figure 6.20 SNR scalable video encoder and video decoder.



Video Transport across Generic Networks 403

Base Layer Base Layer Basa Layer
Decoded
Bit-straam Bit-stream Video
Enhancement  Enhancement Enhancement
Comp d C d Pecoded
Bit-stream Bit-stream Vidao

(a) (b}
Figure 6.21 FGS: a) encoder and b) decoder [6.65]. ©2001 IEEE.

To provide more flexibility in meeting different demands of streaming (for example, dif-
ferent access link bandwidths and different latency requirements), a scalable coding mechanism
catled Fine Granularity Scaiability (FGS) was proposed to MPEG-4 [6.70, 6.71, 6.72]. As shown
in Figure 6.21 an FGS encoder compresses a raw video sequence into two substreams: a base
layer bit stream and an enhancement layer bit stream. The FGS encoder uses bit-plane coding to
represent the enhancement stream. Bit-plane coding uses embedded representations [6.73]. With
bit-plane coding, an FGS encoder is capable of achieving combination rate control for the
enhancement stream. This is because the enhancement bit stream can be truncated anywhere to
achieve the target bit rate. For example, a DCT coefficient can be represented by 7 bits (that 1s,
its value ranges from 0 to 127). There are 64 DCT coefficients in an 8x8 block. Each DCT coef-
ficient has a Most Significant Bit (MSB), and all the MSBs from the 64 DCT coefficients form
bit plane 0. Similarly, all the second-most significant bits form bit plane i. Bit planes of
enhancement DCT coefficients are shown in Figure 6.22.

A version of FGS is Progressive FGS (PFGS). It shares the good features of FGS, such as
fine granularity bit-rate scalability and error resilience. Unlike FGS, which only has two layers,
PFGS can have more than two layers. The essential difference between FGS and PFGS is that
FGS only uses the base layer as a reference for motion prediction while PFGS uses multiple lay-
ers as references to reduce the prediction error, resulting in higher coding efficiency [6.74].

Requirements Imposed by Streaming Applications
These requirements are bandwidth, delay, loss, VCR (video-cassette-recorder) functions and
decoding complexity.

: E Mast Significant Bit

Figure 8.22 Bitplanes
Least Significant Bt of enhancement DCT
ocT ocT coefficients [6.65].
_Cosfficient 0 Coasfficient t Coefficient 63 ©2001 IEEE.
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To achieve acceptable perceptual quality, a streaming application typically has a minimum
bandwidth requirement. However, the current Internet does not provide bandwidth reservation to
support this requirement. In addition, it is desirable for video-streaming applications to employ
congestion control to avoid congestion, which happens when the network is heavily loaded. For
video streaming, congestion control takes the form of rate control, that is, adapting the sending
rate to the available bandwidth in the network. Compared with nonscalable video, scalable video
is more adaptable to the varying available bandwidth in the network.

Streaming video requires bounded end-to-end delay so that packets can arrive at the
receiver in time to be decoded and displayed. If a packet does not arrive on time, the playout pro-
cess will pause, which is annoying to human eyes. A video packet that arrives beyond its delay
bound (playout time) is useless and can be regarded as lost. Because the Internet introduces
time-varying delay, a buffer at the receiver is usually introduced before decoding [6.75].

Packet loss is inevitable on the Internet. It can damage pictures, which is displeasing to
human eyes. Thus, it is desirable that a video streamn be robust to packet loss. Multiple descrip-
tion coding is such a compression technigue to deal with packet loss.

Some streaming applications require VCR-like functions, such as stop, pause/resume, fast
forward, fast backward and random access. A dual-bit-stream least-cost scheme to provide
VCR-like functionality efficiently for MPEG video streaming is proposed in Lin et al. [6.76].

Some devices, such as cellular phones and PDAs, require low power consumption. There-
fore, streaming-video applications running on these devices must be simple. In particular, low
decoding complexity is desirable.

So far, we have discussed various compression mechanisms and requirements imposed by
strearming applications on the video encoder and decoder. Next, we present the applications-layer
QoS control mechanisms, which adapt the video bit streams according to the network status and
QoS requirements. ‘

Application Layer QoS Control
The objective of application layer QoS control is to avoid congestion and to maximize video
quality in the presence of packet loss. The application layer QoS control techniques include con-
gestion control and error control. These techniques are employed by the end systems and do not
require any QoS support from the network.

Burst loss and excessive delay have devastating effects on video presentation quality, and
they are usually used by network congestion control. Thus, congestion control mechanisms are
necessary to help reduce packet loss and delay. For streaming video, congestion control takes the
form of rate control [6.77]. There are three kinds of rate control: source-based, receiver-based
and hybrid rate control. The source-based rate control is suitable for unicast. The receiver-based
and hybrid rate control are suitable for multicast because both can achieve good trade-off
between bandwidth efficiency and service flexibility for multicast video.

Under the source-based rate control, the sender is responsible for adapting the video trans-
mission rate. Feedback is employed by source-based control mechanisms. Based on the feed-
back information about the network, the sender could regdlate the rate of the video stream. The
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Figure 6.23 (a) Unicast video distribution using multiple point-to-point connections and (b)
multicast video distribution using point-to-multipoint transmission [6.65]. ©2001 IEEE.

source-based rate control can be applied to both unicast [6.78] and multicast [6.79). Unicast
video distribution using multiple point-to-point connections as well as multicast video distribu-
tion using point-to-muitipoint transmission are shown in Figure 6.23. For unicast video, source-
based rate control mechanisms follow two approaches: a probe-based and a model-based
approach [6.77]. The probe-based approach is based on probing experiments. Specifically, the
services probe for the available network bandwidth by adjusting the sending rate in a way that
could maintain the packet loss ratio p below a certain threshold p,, {6.78]. There are two ways to
adjust the sending rate: '

* Additive increase and multiplicative decrease [6.78]
* Multiplicative increase and multiplicative decrease [6.80]

The model-based approach is based on a throughput model of a TCP connection. Specifi-
cally, the throughput of a TCP connection can be characterized by the following formula:
A= 1.22 MTU
RTIT \/p (6.15)

where A is a throughput of a TCP connection, MTU is the packet size used by the connection,
RTT is the round-trip time for the connection and p is the packet-loss ratio experienced by the
connection. Under the model-based rate control, this expression is used to determine the sending
rate of the video stream.-Thus, the video connection could avoid congestion in a way similar to
that of TCP and it can compete fairly with TCP flows. For this reason, the model-based rate con-
trol is called TCP-friendly rate control [6.81]. For multicast under the service-based rate control,
the sender uses a single channel to transport video to the receivers. Such multicast is called single-
channel multicast. For single-channel multicast, only the probe-based rate control can be
employed [6.79). Single-channel multicast is efficient because atl the receivers share one channel.
However, single-channel multicast is unable to provide flexible services to meet the different
demands from receivers with various access link bandwidths. In contrast, if multicast video was to
be delivered through individual unicast streams, the bandwidth efficiency is low but the services
could be differentiated because each receiver can negotiate the parameters of the services with the
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source. Under the receiver-based rate control, the receivers regulate the receiving rate of video
streams by adding/dropping channels while the sender does not participate in rate control [6.77].
Receiver-based rate control is used in multicasting scalable video where there are several layers in
the scalable video and each layer corresponds to one channel in the multicast tree.

Similar to the source-based rate control, the existing receiver-based rate-control mecha-
nisms follow two approaches: a probe-based and a model-based approach. The basic probe-
based rate control consists of two parts:

« When no congestion is detected, a receiver probes for the available bandwidth by
joining a layer/channel, resulting in an increase of its receiving rate. If no congestion is
detected after the joining, the joint experiment is successful. Otherwise, the receiver
drops the newly added layer.

= When congestion is detected, a receiver drops a layer {that is, leaves a channel),
resulting in a reduction of its receiving rate [6.66]. '

Unlike the probe-based approach that implicitly estimates the available network band-
width through probing experiments, the model-based approach uses explicit estimation for the
available network bandwidth.

Under the hybrid rate control, the receivers regulate the receiving rate of video streams by
adding/dropping channels while the sender also adjusts the transmission rate of each channel
based on feedback from the receivers [6.82].

An error-control mechanism includes FEC, retransmission, error-resilient encoding and
error concealment. There are three kinds of FEC: channel coding, source coding-based FEC and
joint source/channel coding. The advantage of all FEC schemes over retransmission-based
schemes is reduction in video transmission latency. Source coding-based FEC can achieve lower
delay than channel coding, and joint source/channel coding could achieve optimal performance
in a rate-distortion sense. The disadvantages of all FEC schemes are increase in transmission
rate and inflexibility to varying loss characteristics. Unlike FEC, which add redundancy regard-
less of correct receipt or loss, a retransmission-based scheme only resends the packets that are
lost. Thus. a retransmission-based scheme is adaptive to varying loss characteristics, resulting in
efficient use of network resources. The limitation of delay-constrained retransmission-based
schemes is that their effectiveness diminishes when the RTT is too large. Currently, an important
direction is to combine FEC with retransmission [6.65] . In addition, FEC can be used in layered
video multicast so that each client can individually trade off latency for quality based on specific
requirements. MDC is a recently proposed mechanism for error-resilient coding. The advantage
of MDC is its robustness to loss. The cost of MDC is reduction in compression efficiency. The
current research effort gears toward finding a good trade-off between the compression efficiency
and the reconstruction quality from one description. Error concealment is performed by the
receiver when packet loss occurs and can be used in conjunction with other techniques, for
example, congestion control and other error-control mechanisms.
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Continuous Media Distribution Services

In order to provide quality multimedia presentations, adequate support from the network is criti-
cal. This is because network support can reduce fransport delay and packet loss ratio. Streaming
video and audio are classified as continuous me:lia because they consist of a sequence of media
quanta (such as audio samples or video frames), which convey meaningful information only
when presented in time. Built on top of the In:emnet (IP), continuous media distribution devices
are designed with the aim of providing QoS and of achieving efficiency for streaming videofaudio
across the best-effort Internet. Continuous media distribution services include the following:

* Network filtering
+ Application-level multicast
+ Content replication.

As a congestion-control technigue, network filtering is aimed at maximizing video quality
during network congestion. Figure 6.24 illustrates an example of placing filters in the network.
The nodes labeled R denote routers that have no knowledge of the format of the media streams
and that may randomly discard packets, The filter nodes receive the client’s requests and adapt
the stream sent by the server accordingly. This solution allows the service provider to place fil-
ters on the nodes that connect to network bottlenecks. Furthermore, multiple filters can be
placed along the path from a server to a client.

To illustrate the operation of filters, a system model is depicted in Figure 6.25. The model
consists of the server, the client, at least one filter and two virtual channels between them. One
channel is for control, and the other is for data. The same channels exist between any pair of fil-
ters. The control channel is bidirectional, which can be realized by TCP connections. The model
allows the client to communicate with only one host (the Jost filter), which will either forward
the requests or act upon them. The operations of a filter on the data plane include receiving video
stream from a server or previous filter and sending video to the client or the next filter at the tar-
get rate. The operations of a filter on the control plane include receiving requests from the client
or the next filter, acting upon requests and forwarding the requests to its previous filter. Typi-

' Figure 6.24 Filters
placed inside the
network [6.65). ©@2001
IEEE.
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Figure 6.25 A system model of network filiering [6.65]. ©2001 IEEE.

cally, frame-dropping filters are used as network filters. The receiver can change the bandwidth
of the media stream by sending requests to the filter to increase or decrease the frame-dropping
rate. The advantages of using frame-dropping filters inside the network include improved video
quality and bandwidth efficiency. This is because the filtering can help to save network resources
by discarding those frames that are late,

As an extension to the IP layer, IP multicast is capable of providing efficient multipoint
packet delivery. The efficiency is achieved by having only one copy of the original IP packet sent
by the multicast source and transmitted along any physical path in the IP multicast tree. How-
ever, there are many barriers in deploying IP multicast. These problems include scalability, net-
work management, deployment and support for higher fayer functionality, for example, error
flow and congestion control. The application-level multicast is aimed at building a multicast ser-
vice on top of the Internet. It enables independent Content Service Providers (CSPs), ISPs or
enterprises to build their own Internet multicast networks and to interconnect them into larger,
world-wide media multicast networks. The advantage of the application level multicast is that it
breaks the barriers such as scalability, network management, and support for congestion control,
which have prevented ISPs from establishing “IP multicast” peering arrangements.

An important technique for improving scalability of the media delivery system is content
media replication. The content replication takes two forms: caching and mirroring [6.83], which
arc deployed by publishers, CSPs and ISPs. Both caching and mirroring seek to place content
closer to the clients and both share the following advantages:

* Reduced bandwidth consumption on network links
* Reduced load on streaming servers

* Reduced latency for clients

* Increased availability

Mirroring is to place copies of the original multimedia files on other machines scattered
around the Internet, that is, the original multimedia files are stored on the main server while
copies of the original multimedia files are placed on the duplicate servers. In this way, clients
can retrieve multimedia data from the nearest duplicate server, which gives the clients the best
performance. On the other hand, caching makes local copies of contents that the client
retrieves. Clients in a single organization retrieve all contents from a single local machine,
called a cache. The cache retrieves a video file from the original server, storing a copy locally
and then passing it on to the client who requests it. If a client asks for a video file that the
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cache has already stored, the cache will return the local copy rather than going all the way to
the original server where the video file resides.

Streaming Servers

Streaming servers are essential in providing streaming services. To offer quality streaming ser-
vices, streaming servers are required to process multimedia data under timing constraints in
order to prevent artifacts, for example, jerkiness in video motion and pops in audio during play-
back on the clients. In addition, streaming servers also need to support VCR-like control opera-
tions, such as stop, pause/resume, fast forward and fast backward. Furthermore, streaming
servers have to retrieve media components in a synchronous fashion. A streaming server consists
of three subsystems: communicator, operating system and slorage system. A communicator
involves the application layer and transport protocols implemented on the server. Through a
communicator, the clients can communicate with a server and can retrieve multimedia contents
in a continuous and synchronous manner. Different from traditional operating systems, an oper-
ating system for streaming services needs to satisfy real-time requirements for streaming appli-
cations. A storage system for streaming services has to support continuous media storage and
retrieval. In what follows, we discuss synchronization mechanisms for streaming media.

Media Synchronization

A major feature that distinguishes multimedia applications from other traditional data applica-
tions is the integration of various media streams that must be presented in a synchronized fash-
ion. For example, in distance learning, the presentation of slides should be synchronized with
the commenting audio stream as shown in Figure 6.26, Otherwise, the current slide being dis-
played on the screen may not correspond to the lecturer’s explanation heard by the listeners,
With media synchronization, the application at the receiver side can present the media in the
same way as they were originally captured. Media synchronization refers to maintaining the
temporal relationships within one data stream and between various media streams. There are
three levels of synchronization: intrastream, interstream and interobject synchronization. The
three levels of synchronization correspond to three semantic layers of multimedia data [6.84).

Slide 1 Slide2 Slide 3 Slide 4

o

Audio sequence

Figure 6.26 Synchronization between the slides and the commenting audio stream
{6.65]. ©2001 IEEE.
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The lowest layer of continuous media or time-dependent data (such as video or audio) is
the media layer. The unit of media layer is a logical data unit such as an audio-video frame,
which adheres to strict temporal constraints to ensure acceptable user perception at playback.
Synchronization at this layer is referred to as intrastream synchronization, which maintains the
continuity of logical data units. Without intrastream synchronization, the presentation of the
stream may be interrupted by pauses or gaps.

The second layer of time-dependent data is the stream layer. The unit of the stream layer is
a whole stream. Synchronization at this layer is referred to as interstream synchronization,
which maintains temporal relationships among different continuous media. Without interstream
synchronization, the skew between the streams may become intolerable. For.example, users
could be annoyed if they notice that the movements of the lips of a speaker do not correspond to
the presented audio.

The highest layer of a multimedia document is the object layer, which integrates streams
and time-dependent data, such as text and still images. Synchronization of this layer is referred
to as interobject synchronization. The objective of interobject synchronization is to start and stop
the presentation of the time-independent data within a tolerable time interval, if some previously
defined points of the presentation of a time-dependent media object are reached. Without inter-
object synchronization, the audience of a slide show could be annoyed if the audio is comment-
ing on one slide while another slide is being presented. For more information on media
synchronization, we recommend [6.84] and [6.85].

Protocois for Streaming Video
Several protocols have been standardized for communication between clients and streaming
servers. According to their functionalities, the protocols directly related to Internet streaming
video can be classified into the following three categories: network layer protocol, transport pro-
tocol and session control protocol. Network layer protocol provides basic network service sup-
port such as network addressing. The IP serves as the network layer protocol for Internet video
streaming.

Transport protocol provides end-to-end network transport functions for streaming applica-
tions. Transport protocols include UDP, TCF, RTP, and RTCP. UD?P and TCP are lower-layer
transport protocols, and RTP and RTCP are upper-layer transport protocols that are impiemented
on top of UDP and TCP.

Session control protocol defines the messages and procedures to control the delivery of the
multimedia data during an established session. The RTSP [6.86] and the SIP [6.87] are such ses-
sion control protocols.

To illustrate the relationship among the three types of protocols, protocol stacks for media
streaming are presented in Figure 6.27. For the data plane at the sending side, the compressed
audio-video data is retrieved and packetized at the RTP layer [5.21]. The RTP packetized
streams provide timing and synchronization information, as well as sequence numbers [6.88].
The RTP packetized streams are then passed to the UDP/TCP layer and the IP layer. The result-
ing IP packets are transported across the Internet. At the receiver side, the media streams are pro-
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Figure 6.27 Protocol stacks
@ for media streaming [6.65].
®2001 |IEEE.

cessed in the reversed manner before their presentations. For the control plane, RTCP packets
and RTSP packets are multiplexed at the UDP/TCP layer and are moved to the IP layer for trans-
mission across the Internet.

Basic building blocks for a streaming video architecture tie together a broad range of tech-
nologies from signal processing, networking and server design. A full understanding of the
whole architecture is essential for developing the particular signal-processing techniques suit-
able for streaming video. Furthermore, an in-depth knowledge of both signal-processing and
networking technologies helps to make effective design and use of application-layer QoS con-
 trol, continuous media distribution services and protocols. Finally, a clear understanding of the
overall architecture is instrumental in the design of efficient, scalable and/or fault-tolerant
streaming servers.

6.3 Multimedia Transport Across ATM Networks

Multimedia itself denotes the integrated manipulation of at least some information represented
as continuous media data, as well as some information encoded as discrete media data (text and
graphics). Multimedia communication deals with the transfer, protocols, services and mecha-
nisms of discrete media data and continuous media data (audio or video) on and across digital
networks. Such communication requires that all involved components be capable of handling a
well-defined QoS. The most important QoS parameters are required capacities of the involved
resources and compliance to end-to-end delay and jitter as timing restrictions and restriction of
the loss characteristics. A protocol designed to reserve capacity for continuous media data, trans-
mitted in conjunction with the discrete media data over, for example, an ATM/LAN, is certainly
a multimedia communication issue [6.89]. The success of ATM for multimedia communications
depends on the successful standardization of its signaling mechanisms, its ability to atiract the
development of the native ATM applications and the integration of the ATM with other commu-
nications systems. The integration of ATM into the Internet world is under investigation. If there
will be ATM applications such as video on demand, there is also the need for a side-by-side inte-
gration of ATM and Internet protocols. The success of wireless ATM (WATM) relies on the suc-
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cess of ATM/BISDN in wired networks. When ATM networks become a standard in the wired
area, the success of WATM will be realized.

6.3.1 Multiplexing in ATM Networks

In order to transfer the information to the destination, the network performs the generic func-
tions of multiplexing and routing. The routing functions, in order to provide connectivity, are not
dependent on the information type in the transfers. On the other hand, multiplexing is highly
dependent on the requirements by the information type and application context because multi-
plexing determines much of the transfer quality on the network. The optimization criteria for the
transfer are to minimize the queuing and to maximize the utilization. A joint optimization is pos-
sible if the multiplexed streams are shaped to minimize the temporal variability.

Asynchronous time division multiplexing enables statistical multiplexing, but does not
mandate it. Statistical multiplexing has been successfully used for data communication for three
decades and more recently also in radio networks by means of spread spectrum techniques. The
network provides fair access to the transmission capacity and routing. The end equipment is
responsible for the quality of the transmission by means of retransmission and forward error cor-
rection. The choice of multiplexing mode for asynchronous transfers depends on several issues,
as itlustrated in Figure 6.28 [6.90]. Here, the hnk has capacity C,,,, and the source has peak
rate R, mean rate R and maximum burst length b. The required quality is denoted by Q.

As for general service classes, we can define three classes:

* Deterministic multiplexing with fixed quality guarantees
+ Statistical multiplexing with probabilistic quality guarantees
* Statistical multiplexing without quality guarantees

Daterministic
Multiplexing

tistical Figure 6.28 Choice of
Msl}ﬁi loxi multiplexing mode [6.901.
P ©2000 Prentice Hall.
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The multiplexer can be modeled as a finite capacity queuing system with buffer size B (in
ATM cells) and one server with fixed output rate R,,. The input of the multiplexer consists of
various video sources. The model of the multiplexer is illustrated in Figure 6.29. There are dif-
ferent interleaving schemes for placing data from various sources into the common buffer at two
time scales: frame time and cell time [6.91, 6.92, 6.93, 6.94].

In a frame interleaving scheme, the information of each video source is multiplexed in the
unit of a frame. It is assumed that each video source has a buffer that can store one frame of
information, and all sources are synchronized in the frame boundary. At each frame time, the
muitiplexer scans each source and puts the information into the common buffer.

In a cell interleaving scheme, the multiplexing process is performed in the unit of a cell. It
is assumed that all sources are transmitted at their peak rates from the sources to the multiplexer
and that the cells in each frame are uniformly spaced. Each video source is synchronized in
frame. An example of a frame-based and cell based interleaving scheme is given in Figure 6.30.

The queuing model of the two-layer coding multiplexer is shown in Figure 6.31. The mul-
tiplexing queue is managed by a push-out strategy that allows the buffer to be fully shared by
both traffic layers. Cells at the secondary layer are lost if the number of cells from both the pri-
mary and secondary layers in the buffer are greater than the buffer size. The cells at the primary
layer are lost when the total number of cells from the primary layer is greater than the buffer size
[6.95). We can assume that the cell spacing is uniformly distributed across a frame interval by
means of a smoothing scheme for a video source [6.96]. The multiplexer places the incoming
cells in a common buffer with capacity B and then transmits them across a 155.5 Mb/s channel.
When a large number of video sources are multiplexed, a Poisson arrival process can be
assumed.

6.3.2 Video Delay in ATM Networks

Information is delayed in ATM networks, and because we consider asynchronous trans-
fers, these delays will not be constant, not even for deterministic multiplexing. This delay has to
be considered end-to-end because delay limits are posed by the application. The video signat is
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delayed as protocol functions are executed and when the signal is transmitted across the net-
work. The following instances may cause the end-to-end delays:

* Acquisition and display of the video
» Encoding, rate-control and decoding
» Segmentation and reassembly

» Protocol processing

» Wave propagation and transmission
* Queuing
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The acquisition is the time that it takes to capture a field or a frame depending on scan-
ning, te digitize it and to perform color and scanning (interlaced to progressive) conversions.
The reciprocal functions are performed before display. If there is no scanning conversion, the
delay can be of the order of a single pixel instance.

The functions closer to the network are the segmentation of service data units or streams
into protocol data units and their reassembly. The time to fill a packet or a cell might be exces-
sive at low rates. For example, it takes 125 ps per octet at 64 Kb/s. If the rate is temporarily or
constantly low, it may be necessary to enforce a time limit or to send partially filled celis or
packets of restricted length. Reassembly delay depends on message length and transfer rate. For
instance, there is no delay for unstructured stream-oriented data. There may be restrictions on
the MTU to achieve acceptable delay. The MTU is then dependent on the transfer rate, or the
minimum acceptable rate is determined by the MTU size,

Protocol processing is a major cause of delay. It includes framing of information, calcula-
tion of check sums and address lookup in hosts und switches and routers. In general, protocols
should be implemented to reduce maximum defay and to maximize throughput.

Wave propagation is limited by the speed of light. It takes roughly 100 ms to reach half
way around the globe (5 ps per kilometer in fiber). The transmission time is the length of the
packet or cell on the transmission line, The wave propagation determines when the first bit of a
packet reaches the end of a transmission line, and the transmission time specifies how much later
the last bit arrives. The transmission delay is reduced by increasing the line capacity and by
reducing the number of links per route.

Because the multiplexing is asynchronous, there will be queuing in the network. Queuing
delays in the network vary dynamically from cell to cell and packet to packet for a given route.
The delay depends on the instantaneous load in each multiplexer, number of multiplexing hops
on the route, amount of buffer space per node and whether deterministic or statistical multiplex-
ing is used. The scheduling discipline affects the distribution of the delays.

Cell Delay Variation {CDV) or jitter can have a significant impact on the quality of a video
stream. To keep the encoder and decoder in synchronization with each other, the encoder places
PCRs periodically in the TS. These are used to adjust the system clock at the decoder as neces-
sary. If there is jitter in the ATM cells, the PCRs will also experience jitter. Jitter in the PCRs will
propagate to the system clock, which is used to synchronize the other timing functions of the
decoder. This will result in picture quality degradation.

There are two control issues regarding delay:

= The variations must be equalized to maintain the isochronal saniple rate.
* The absolute value must be limited for interactive applications.

Equalization at the network interface of the receiver is not sufficient unless all subsegment
protocel processing and data transfers within the end system are fully synchronous. This means
that ¢qualization will basically always be needed at the application layer. It is, in fact, the most
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appropriate location because the bit stream can be synchronized to the display system (the digi-
tal-to-analog converter). It should be noted that each stage of equalization introduces more delay.

In Figure 6.32, the delay is equalized by buffering data up to the acceptable limit D, . Seg-
ments that are delayed by more than the limit are treated as if they were lost. Equalization of
delay variations is done by buffering data delivered by the network to a predetermined limit
before delivery. Late data is discarded (there is no loss if D, = D,,.). The general problem with
this approach concerns the choice of Dy to find a proper trade-off between delay and loss and to
determine that each pixel has been delayed by D; when displayed.

A common simplification is to equalize queuing delay at the reassembly point. It is at the
adaptation layer in case of ATM and at the transport layer in case of IP. Jitter introduced in the
end system is then removed before or after the decoding to obtain signal synchronization.

The delay equalization requires the end system to have a clock that is synchronized in fre-
quency to the sending clock. Usually the clocks at the sender and the receiver will have the same
nominal frequency. The jitter is of much larger magnitude than the clock difference. Synchroni-
zation could be obtained by locking both clocks to a common reference clock, as carried by the
global positioning system and by synchronous digital networks, or by using the network time
protocol [6.97]. I a clock reference is not available, then the sender clock has to be estimated
from the arriving packet stream. Such a technique uses a phase-locked loop presented in Figure
6.33. The input signal to the loop can be either time stamps carried in the cells or packets or the
buffer full level [6.98]. After the clocks are sufficiently synchronized and the data stream'is sent
completely isochronously, the delay is equalized by simply reading the application frames from
the buffer with the same time intervals as sent, Variable rate video complicates the equalization
because it is difficult to know how much of the time between arrivals is due to the generating
process and how much is due to queuing in the network. Therefore, time stamps in every cell or
packet are needed to mark their generating instances.

Signal synchronization is finally obtained after decoding. The frame buffer absorbs much
of the delay variations in the decoding, and the residual could be eliminated by repeating or
skipping frames to make adjustments to fit the display's clock. If the display allows an external
clock, finer adjustments can be made by stretching and shortening the vertical and horizontal
tracing times of the cathode ray tube’s display. When several video streams emanating from dif-
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ferent sources are displayed together, only one of the received signals can be used to synchro-
nize the display system. The other signals must be stretched or contracted to fit that timebase.

6.3.3 Errors and Losses in ATM

The encoding process introduces controlled amounts of distortion in order to compress the sig-
nal. The video signal will also be exposed to bit errors induced in the electronics and in the
optics. The probability of bit error is low, below 10-%, but not negligible. More troublesome is the
informaiion loss in the ATM network when full stretches of the signal are deleted. The causes of
loss are transmission burst errors, loss of cells and packets due to multiplexing overload, mis-
routing due to inaccurate addresses or entries in address tables and delay greater than the accept-
able threshold. Undetected loss in a signal can place encoders and decoders out of phase. Burst
errors caused by loss of synchronization and by equipment failures have durations df 20 to
40 ms. Their probability of occurrence has been estimated to be below 107 [6.94]. Loss, espe-
cially due to multiplexing overloads, appears to be the most common signal corruption caused
by the ATM network.

Error recovery ‘is based on limited error propagation and correction or concealment of the
missing portion of the signal. Error propagation is restricted by proper framing of the bit stream
50 that errors and ioss can be detected [6.99].

Generally speaking, in the ATM network, a cell can be tost due to two reasons:

» Channel errors
+ Limitations of network capacity and statistical multiplexing

A communication channel is subject to different impairments. If an uncorrectable error
occurs in the address field of an ATM cell, the cell will not be delivered to the right destination.
This cell is considered to be lost. This is a rare cause of loss in ATM networks.

An ATM network takes advantage of statistical multiplexing, but also takes the risk of
simultaneous traffic peaks of multiple users. Although a buffer can be used to absorb the instan-
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taneous traffic peak to some extent, there is still a possibility of buffer overflow in case of con-
gestion. In the case of network congestion or buffer overflow, the network congestion control
protocol will drop cells. The malfunction or inefficient network management will also cause the
cell loss. For example, loss of synchronization and lack of recovery measures in the physical
layer would result in a stream of cell losses in the resynchronization/acquisition phase.

In an ATM network, cell discarding can cccur on the transmitting side if the number of
cells generated are in excess of allocated capacity, or it can occur on the receiving side if a cell
has not been received within the delay time of the buffer memory. Cells can be discarded in the
ATM network by the congestion control procedure.

If the incoming traffic exceeds allocated capacity and causes the buffer overflow, the
sender could be informed by the network traffic control protocol to reduce the traffic flow or to
switch to a lower grade service mode by subsampling and interlacing.

If the network becomes congested and the input buffer overflows, it will drop some cells to
reduce the traffic and to assume the normal communication phase.

If the error occurs in the cell header, especially in the address field, the cell may be misde-
livered or go astray in the network. In the receiver, if a cell is not received within the maximum
time out window, the cell is considered to be lost. The loss of a cell leads to the loss of 384 con-
secutive bits, which may cause a serious degradation in picture quality for VBR compressed
video signals. If the cell loss is caused by network congestion, a few consecutive cells, which con-
tain thousands of bits of information, may be lost. Furthermore, the cell loss may aftect the subse-
quent frames if an interframe coding scheme is employed. Therefore, cell loss is a major problem
encountered in VBR coding in the ATM environment. A cell loss may cause the loss of code syn-
chronization. Because a variable number of data is packed into a cell, there is no way of knowing
how much information is lost when a cell loss occurs unless some side information is available.
Celt loss can occur unpredictably in ATM networks. [t is assumed to be random with the probabil-
ity of cell loss depending only on whether a previous cell of the same priority was lost.

Asynchronously multiplexed networks, such as those based on ATM, have cells and pack-
ets as multiplexing units that are shorter than a full cell (session). The multiplexing unit in tradi-
tional Time Division Multiplexing (TDM) networks is a call (a session). Network framing
means that appropriate control information is added to each multiplexing unit. An example of
application framing is the MPEG slice layer that packs bits together for 16 consecutive lines.
The purpose of the network framing is to detect and to possibly correct lost and corrupted multi-
plexing units. Errors and loss handling are shown in Figure 6.34 [6.15]. Errors may be detected
by a CRC of sufficient length [6.1001. Loss is detected by means of sequence members, which
turn it into erasures (known location and unknown values).

It is important that the sequence number is based on the number of transferred data octets.
Knowing that a cell or a packet has been lost does not tell how much data it contained.

Errors and loss can be identified by a CRC on the application frame after reassembly. It is
important that frame length is known a priori because the length of a faulty frame cannot be
ascertained. The failed CRC could be caused by a bit error, which would not be affected by its
length or by a lost packet or cell.
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A lost or corrupted network frame would, in case of regular data communication, be
retransmitted. There are complications with the use of retransmissions for video. First, the delay
requirements might not allow it because it adds at least another round-trip delay that is likely to
violate end-to-end delay requirements for conversational services. Second, the jitter introduced
is much higher than that induced by queuing. Delay equalization is thus further complicated.
Even if this would be acceptable, the continuously arriving datastream must be buffered until the
missing frame eventually is received.

There are several reasons to be cautious of FEC of cell and packet loss. First, it adds a
fairly complex function to the system, which will be reflected in its cost. Second, the interleav-
ing adds delay. Third, loss caused by multiplexing overload is likely to be correlated because the
overload is caused by traffic bursts and more loss may occur than what the code can correct. If
an intetleaving matrix cannot be corrected, then the full matrix is useless, and the loss situation
is in fact made worse.
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The interleaving matrix should, of course, be made to cope with burst losses but, again, it
increases the delay. Fourth, the coding adds overhead.

6.34 MPEG Video Error Concealment

To transmit video traffic effectively across ATM networks, we need to study the issues involved
in packetizing encoded video sequences. In particular, it is important to study the effect of ATM
cell loss and to develop postprocessing techniques that can be used for error concealment. Error-
concealment approaches by Wang [6.101] have assumed that both encoding and decoding occur
simultaneously with the decoder communicating to the encoder the location of damaged picture
blocks. Ma 1y of these technigues are not realistic for real-time applications because they require
retransmission of ATM cells. Prioritization approaches to ATM cell-loss concealment have been
proposed in several records [6.102 through 6.110]. Figure 6.35 shows a block diagram of the
packing/error-concealment scheme using ATM. The cell depacketization operation also provides
information as to which macroblocks are missing (6.111].

Input MPEG [Compressect  Cel
Video Encoder | videc ' JPacketization Channel
Output MPEG Error Cell
Decompressed Decoder Concealment Packetization
Video

Figure 6.35 Block diagram of the packing/error concealment
scheme [6.90]. ©2000 Prentice Hall.

This information is passed to the error concealment algorithm, which attempts to conceal
the missing blocks. The goal of video error concealment is to estimiate missing MBs in the
MPEG data that were caused by dropped ATM cells. The use of spatial, temporal and picture
quality concepts are exploited.

Two error-recovery approaches for MPEG encoded video across ATM networks are
described in Salama et al. [6.111]. The first approach aims at reconstructing each lost pixel by
spatial interpolation from the nearest undamaged pixels. The second approach recovess lost MBs
by minimizing intersample variations within each block and across its boundaries.

6.3.5 Loss Concealment

A loss is detected either by means of the network or application-framing information. The cor-
rupted application frame can be considered useless. The application framing shouid contain suf-
ficient information to allow the next correctly received segment to be decoded. This means that
the location within the picture of the information in the segment must be known and that there
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cannot be any coding dependencies between the information in the segments. The latter condi-
tion implies that there cannot be any prediction dependencies across segment boundaries and
that variable-length code words are not split by segment boundaries [6.112].

The decoded picture will contain an empty area that corresponds to the lost information.
This area can be concealed by using surrounding pixels in time and space [6.102, 6.113]. For
instance, the corresponding area in the previous frame can be used [6.112]. It might be best to
repeat the full frame if the corruption is severe. When the coded motion vectors are correctly
received, they can be used to find the most appropriate replacement in the previous frame. The
prediction error is the only remaining error in the area.

The loss concealment can be improved by thoughtful packing of the information, such as
separate transfers of motion vectors and prediction errors. A more general framework is often
referred to as layered or hierarchical coding.

6.3.6 Video Across WATM Networks

Due to the success of ATM on wired networks, WATM has become the direct result of the ATM
anywhere movement. WATM can be viewed as a solution for next-generation personal communi-
cation networks or a wireless extension of the BISDN networks. There has been a great deal of
interest recently in the area of wireless networking. [ssues. such as bit error rates and cell loss rates,
are even more important when transmitting video across a wireless network. A very high perfor-
mance wireless LAN which operates in the 60 GHz millimeter wave band can experience cell loss
rates of 10”to 107 [6.114]. To provide adequate picture quality to the user, some form of error cor-
rection or concealment must be employed. One option is to use the MPEG-2 error-resilience tech-
niques and to modify the MPEG-2 standard slightly when it is used across WATM networks. This
technique is known as MB resynchronization [6.114]. In MB resynchronization, the first MB in
every ATM cell is coded absolutely rather than differentially. This allows for resynchronization of
the video stream much more often than would be possible if resynchronization could only take
place at the slice level. It would be relatively simple to incorporate this method with the existing
MPEG-2 coding standard by adding an interwarking adapter at the boundary between the fixed
and wireless networks [6.115]. A second proposal for improving error resilience in wireless net-
works is to use FEC methods. In addition, improved performance can be achieved by using a two-
layer scalable MPEG-2 coding scheme rather than one layer [6.116].

Mobile ATM defines the design functions of control/signaling. In WATM networks, 2 mobile
end-user establishes a VC to communicate with another end-user, either a mobile or ATM end-user.
When the mobile end-user moves from one Access Point (AP) to another AP, proper handover is
required. To minimize the interruption to cell transport, an efficient switching of the active VCs
from the old data path to new data path is needed. Also, the switching should be fast enough to
make the new VCs available to the mobile users. During the handover, an old path is released, and
a new path is then re-established. In this case, no cell is lost, and cell sequence is preserved. Cell
buffering consists of uplink buffering and downlink buffering. If a VC is broken when the mobile
user is sending cells to ATM APs (AAPs), uplinking buffering is required. The mobile user will
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buffer all the outgoing cells. When the connection is up, it sends out all the buffered cells so that no
cells are lost unless the buffer overflows. Downlink buffering is performed by APs to preserve the
downlink cells for sudden link interruptions, congestion or retransmissions. It may also occur
when handover is executed. When the handover occurs, the current QoS may not be supported by
the new data path. In this case, a negotiation is required to set up new QuoS, because the mobile user
may be in the access range of several APs. Therefore, it will select the one that can provide the best
Qos.

When a connection is established between a mobile ATM endpoint and another ATM end-
point, the mobile ATM end point needs to be located. There are two basic location management
schemes: the mobile scheme and the location register scheme. In the mobile scheme. when a
mobile ATM moves. the reachability update information only propagates to the nodes in a lim-
ited region. The switches within the region have the correct reachable information for the
mobiles. When a call is originated by switching in this region, it can use the location information
to establish the connection directly. If a call is originated by a switch outside this region, a con-
nection is established between this switch and the mobile’s home agent, which then forwards the
cells to the mobile. This scheme decreases the number of signaling messages during a local han-
dover. In the location register scheme, an explicit search is required prior to the establishment of
connections. A hierarchy of location registers, which is limited to a certain level, is used.

6.3.7 Heterogeneous Networking

Heterogeneity in networks comes from many sources. Link capacity may vary by several orders
of magnitude: from 64 to 128 Kb/s for ISDN lines, several hundred Kb/s for wireless LANs, 10
to 100 Mb/s for LANs such as Ethernet and more for ATM networks. Protocols across these var-
ious networks may differ up to the link layer, but also at the network layer. For example. hosts
directly connected to ATM networks may run a native ATM stack, but those connected to the
Internet may run the TCP/IP stack. End stations can differ in the processing power, avatlable to
consume muftimedia information. Some may have hardware video-decoding capability. and oth-
ers may perform the decoding in software. The speed of the processor or the bus architecture
may place a bottleneck on the multimedia consumption rate. We will deal with the network het-
erogeneity in the context of distributing multimedia information through multicast transmission.
Multicasting significantly improves the efficiency of network resource use in situations involv-
ing one-to-many or many-ib-many communications,

The layered video deals with implementing applications that use layered video coding and
multicast transmission to handle heterogeneity caused by differences in network link capacity,
processing power or display resolution. In such scenarios, receivers express interest in getting
higher resolution data by subscribing to the appropriate multicast transport stream (a multicast
address in IP or a multicast virtual circuit in ATM) [6.117]. For example, Figure 6.36 shows a
near video-on-demand system, transmitting layered video in three layers. All receivers subscribe
to the base layer with a bit rate chosen to match the transmission characteristics of the low-bit-
rate wireless network, The first enhancement layer has a bit rate suited for receivers on the



Multimedia Transport Across ATM Networks 423

Image server

y e - /

)

High resolution %/ ATM 1\\ Wireless =

workstations ey . Q
JQ/ v S = -

/
<

\\ . A /// )
Gatewa b
N A e

Wireless

PCsL‘i@/‘ \.; = gateway

Figure 6.36 Layered networking in heterogeneous networks
[6.117). ©1997 IEEE.

Ethernet. The second enhancement layer is a high-bit-rate layer that the high-powered worksta-
tions on the ATM network can receive and decode.

The video source adjusts the bit rates transmitted across each of the layers and dynami-
cally adapts them to the link capacity and receiver processing powers in the current scenario. If
the source is transmitting live video, the encoding parameters can be directly manipulated to
adjust the bit rates allocated to the different layers. If the information to be transmitted is
recorded and pre-encoded video, the source can internally represent the video as a very large
number of layers and can map it dynamically to a smaller set of transmission streams based on
feedback from the receivers. This mechanism allows the source to match the bit rates of three
streams correctly to the characteristics of the wireless, Ethemmet and ATM receivers without
knowing these characteristics beforehand.

The IP/ATM gateway project addresses the problems of bandwidth and protocol heteroge-
neity. The gateway is responsible for the following tasks:

* Translating connection set-up messages of the QoS signaling protocols between the
two domains. This includes mapping the QoS and traffic parametric between the two
domains.

¢ Forwarding data packets on the IP domain onto appropriate virtual circuits on the ATM
side and vice versa. The gateway should perform data forwarding with QoS support,
taking QoS parameters into account for scheduling packet transmission.
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» Translating session advertisement messages from the two domains to allow a session in
one domain to be visible in the other. '
» Performing load balancing between multiple gateways connecting the two domains.

6.4 Multimedia Across IP Networks

Multimedia has become a major theme in today's information technology that merges the prac-
tices of communications, computing and information processing into an interdisciplinary field.
In this Internet era, IP-based data networks have emerged as the most important infrastructure,
reaching millions of people anytime and anywhere. They serve as an enabling technology that
creates a whole new class of applications to enhance productivity, reduce costs and increase
business agility. Anticipating that multimedia across IP will be one of the major driving forces
behind the emerging broadband communications of the 21" century, we address the challenges
facing the delivery of multimedia applications across IP in a cost-effective, ubiquitous, and qual-
ity-guaranteed manner.

6.41 Video Transmission Across IP Networks

The problem of sending video across IP has essentially two main components: video data com-
pression and design of communication protocots (Figure 6.37).
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Figure 6.37 Structure of a video-streaming system [6.118]. ©2001 IEEE.

One approach consists of designing a low-bit-rate coder, protecting the resulting bit stream
with channel codes and using one of the standard Internet transport protocols to transmit the
resulting datastream. If the source bit rate is low enough and the channel is not too congested, it
is possible to use TCP, in which case no errors occur and therefore there is no need for channel
codes. Otherwise, UDP is used with a constant packet injection rate, and low-redundancy chan-
nel codes are used to protect against infrequent lost packets. Figure 6.38 illustrates an approach
centered around coding problems. In this case, all the intelligence goes into the design of good
compression algorithms. It is assumed that the network is a black-box, or a fixed standard pipe,
with no differentiation of packets at the socket level or lower.

[ ; o{ Tansporprooc

Figure 6.38 An approach centered around coding problems [6. 118] ©2001 IEEE.
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The main drawback of this approach is that it does not deal well with the time-varying
nature of the channel. To avoid having to deal with these time variations, the channel is severely
underused by wsing a low-bit-rate coder. This is because, at higher injection rates, fluctuations in
the packet-loss rate make it very difficult to guarantee a low probability of decoding error. At
higher bit rates, a careful matching of Reed-Solomon (RS) codes to the importance of different
portions of an MPEG-2 stream has been proposed [6.118].

Another widely used approach consists of designing new transport protocols, but using
either standard video-coding algorithms that generate a fixed syntax for the compressed bit
stream or using layered coding techniques. This approach has advantages over the first one dis-
cussed previously, the most obvious being that flow control is part of the protocol. In addition.
because the bit-stream syntax is known, it is possible to put all the blocks along a given motion
trajectory into a single packet so that, if this packet is lost, the entire motion path is lost and there-
fore error propagation is limited. Also, it is possible to retransmit packets selectively depending
on, for example, whether a lost packet contains intracoded blocks or not, These concepts are ilius-
trated in Figure 6.39. In this case, ali the intelligence goes into the design of good communication
protocols. It is assumed that the coder is typically one of the standards (MPEG-x or H.26x).

Video Coder Transport | Video Decoder
{MPEG-x, H.26x) . W . (w/ error concealment)

Figure 6.39 An approach centered around the design of network protocols [6.1 18].
©2001 IEEE. :

The main drawback of this approach is it is limited in performance by the nature of the
coders used. Video coders based on multiresolution techniques are inherentty mismatched to a
network that provides no form of packet differentiations. Also, because the modified protocols
cannot ensure error-free transmission, when errors do indeed occur, the quality of the decoded
signals suffers severely because of lack of robustness in the coders used.

The design of the interface between networks and applications is a problem that has
received significant attention. Most of the open literature so far has focused on transmission and
traffic regulation across ATM networks, of which perhaps the simplest example is the leaky
bucket controller [6.90). Video across ATM is of interest for two reasons: (a) ATM is one of the
candidate transport technologies for future BISDN all the way to the end-user and (b), ATM net-
works are able to provide QoS guarantees for applications. However, current IP networks are
inherently different from ATM networks in that they take a best-effort approach to packet trans-
mission and routing, so no QoS guarantees are provided. As a result. there is no contract to be
negotiated between the source and the network. Hence, there are no policing mechanisms
applied by the network at its interface with the source.
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6.4.2 Traftic Specification for
MPEG Video Transmission on the Internet

To promote the evolution of the Internet from a simple data network into a true multiservice net-
work, the IETF Integrated Services WG (ISWG) is defining an Integrated Services Internet, in
which traditional best-effort datagram delivery and additional enhanced QoS delivery classes
exist [6.119]. Although the IETF has considered various QoS classes, to date, only two of these,
Guaranteed Service and Controlled-Load Service, have been formally specified. Guaranteed
Service provides an ensured level of bandwidth, a firm end-to-end delay bound and no queuing
loss for conforming packets in a data fliow. Controlled-Load Service provides a service equiva-
lent to the best-effort delivery on a highly loaded network. Therefore, Guaranteed Service is
intended for real-time traffic, and Controlled-Load Service is intended for classes of applica-
tions, like adaptive real-time applications, that can tolerate a certain amount of loss and delay,
provided that it is kept to a reasonable level.

In order for the new Internet to allow applications to request network packet delivery char-
acteristics according to their needs, sources are expended to declare the offered traffic character-
istics. Tspec and admission control rules have to be applied to ensure that requests are accepted
only if sufficient network resources are available. Moreover, service-specific policing actions
have to be employed within the network to ensure that nonconforming data flows. Policing at the
network access point is performed through a token bucket device; packets revealed as noncon-
forming are marked and forwarded as best-effort traffic.

Traffic specification is a reference point allowing the source and the network to pursue
separately two targets:

+ To provide the agreed Tspec (source)
» To allocate source requests and to police source traffic (network).

In this context, it is necessary to provide applications with the capability of calculating the
Tspec parameters to be declared to the network on the basis of both a limited set of parameters
statistically characterizing the data source and the performance of the smoother used in the
source to reshape its traffic according to the declared Tspec. The [SWG defined the following
Tspec parameters [6.119]:

« Peak rate measured in bytes of IP packets per second, specifying the maximum rate at
which the service can inject bursts of traffic into the network.

« Token bucket depth. measured in bytes.

« Bucket rate of the token buckets, measured in bytes of IP packets per second.

+ Minimum policed unit (m), measured in bytes, specifying the minimum size of the
network packets. All packets of a size less than m will be treated by the policer as being
of size m,
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* Maximum IP packet size, measured in bytes, specifying the maximum size for a packet
that will confirm to the Tspec.

The video source can be modeled as a switched-batch Bernoulli Process (SBBP) taking
into account both intra- and inter-GOP correlations [6.120]. Then, a discrete time-queuing sys-
tem can be used to model video traffic smoothing of the source. After evaluating the loss proba-
bility and the average delay suffered in the smoother device, we model the traffic at the output of
the smoother, that is, the traffic actually sent across the network. Finally, we model the token
bucket at the access point of the network to calculate the marking probability for the packet that
does not comply with the specifications,

We can use this paradigm as a tool with the following objectives:

+ To design the buffer size of the video server smoother

* To calculate Tspec parameters that are sufficient to guarantee a) both the upper bound
for the loss probability and the average delay suoffered in the smoother and b} the upper
bound for the marking probability in the token bucket at the network access point

6.4.3 Bandwidth Allocation Mechanism

Multimedia applications require the transmission of real-time streams across a network. Pay-
per-view movies, distance learning and digital libraries are examples of multimedia applications
that require the transmission of real-time streams across a network. Such streams (such as video)
can exhibit significant bit rate variability, depending on the encoding system used, and can
require high network performance [6.121]. Moreover. these streams require performance guar-
antees from the network, such as guaranteed bandwidth and loss rate. This poses significant
problems when such streams are delivered across the Internet. In fact the real-time network
applications that currently run across the Internet achieve a QoS that is far from what is desired.
To solve these problems. a small set of differential services has been recently introduced.
Among these, Premium Service is suitable for transmitting real-time stored stream (full knowl-
edge of the stream characteristics) [6.122]. It uses a Bandwidth Allocation Mechanisms (BAM)
based on the stream peak rate. Due to the variable bandwidth requirement, the peak rate BAM
can waste large amounts of bandwidth. One possible approach to reduce bandwidth require-
ments is to reduce the video VBR. However, even using smoothing techniques, the variability is
stil] present. and. hence. the BAM can still waste a large amount of bandwidth [6.123, 6.124].
Bit-rate variability can also be reduced by modifying the video QoS. but, in this case, the client
must settle for a lower QoS [6.122]. Another approach is to allocate the bandwidth in a dynamic
way instead of through a fixed bandwidth channel. For instance. one report [6.125] suggests
using renegotiation mechanisms to avoid bandwidth waste. Although bandwidth effective, this
technique may. at some point in time, require additional bandwidth while transmitting a video.
This raises a potential problem because the required additional bandwidth may not be available,
leading this technique not to provide the needed bandwidth guarantees. From these consider-
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ations, a BAM should not modify while transmitting a video stream. For these reasons, a peak
rate BAM is used. A new BAM that uses less bandwidth than the peak rate BAM, while provid-
ing the same service, was proposed [6.122]. This BAM does not affect the real-time stream QoS
and does not require any modification to the Premium Service Architecture.

To avoid bandwidth waste, the proposed BAM uses dynamic bandwidth allocation and
never asks for additional bandwidth, This substantially differs from other dynamic BAMs. For
instance, the regeneration mechanisms described in Feng and Rexford [6.126]) may make
requests for additional bandwidth. They cannot guarantee that these requests will be satisfied by
the network. Conversely, the BAM described in Furini and Towsley [6.122] provides bandwidth
suarantees as well as the peak rate BAM while using less bandwidth. This is achieved by allo-
cating the peak bandwidth to the premium channel. but progressively reducing this allocation
results in the decrease of the peak rate of the remaining stream. This is possible because the
streams with known characteristics are considered. Consequently, there is no need (o ask for
additional bandwidth while transmitting a stream. Hence, this BAM provides the same guaran-
1ees as the peak rate BAM while using less bandwidth.

[n order to describe BAM, a sender that provides the service and a receiver that desires the
service were considered 16.122]. The receiver requests a video, composed of N frames from the
sender. Without toss of generality, a discrete time model, where one time unit corresponds to the
time between successive frames, was assumed. For a 24-fps full-motion video, the duration of 4
frame is 1/24 of a second. Denoted by a(i), the amount of data is sent at time 1, i=1,2,... N. We
can introduce the bandwidth function, which will be used by the BAM.

band(i) = max{a(j), j2 i}, i=1..,N (6.16)

If the bandwidth is allocated using this nonincreasing function, there is no need to ask for
additional bandwidth. Conversely, it is possible to reduce the allocated bandwidth when it is no
longer needed. At time j, just before sending the quantity a(j), a request to deallocate the band-
width is sent if band(j)<bandij-1), and the new allocated bandwidth will be band(j) instead of
band (j-1). The overhead introduced by the deallocation messages is very small compared to the
video transmission. Experiments show that at most 20 deallocation messages are sufficient for a
28-minute video. The bandwidth use, U, achieved using our bandwidth allocation mechanisms is

N N
U=Y a@i) !y band(i) (6.17)
: i=1 i=1
It is greater than what is obtained using classic BAM because band(i) < Peak rate,i =1,...,.N

6.44 Fine-Grained Scalable
Video Coding for Multimedia Across iP

Multimedia streaming and the set of applications that rely on streaming are expected to continue
growing. A primary objective of most researchers in this field is to mature Internet video solu-
tions to the level when viewing of good-quality video of major broadcast television events across
the Web becomes a reality. One generic framework that addresses both the video-coding and net-
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working challenges associated with Internet video is scalability. Any scalable Internet video-
coding solution has to enable a very simple and flexible streaming framework. Hence, it must
meet the following requirements [6.127]:

* The solution must enable a streaming server to perform minimal real-time processing
and rate control when outputting a very large number of simultaneous unicast streams.

« The scalable Internet video-coding approach has 1o be highily adaptable to
unpredictable bandwidth variations due to heterogeneous access technologies of the
receivers or due to dynamic changes in network conditions.

* The video-ceding solution must enable low complexity decoding and low memory
requirements to provide common receivers, m addition to powerful computers, the
opportunity to stream and decode desired Internet video content,

» The streaming framework and related scalable video-coding approach should be able to
support both unicast and multicast applications. This eliminates the need for coding
content in different formats to serve different types of applications.

« The scalable bit stream must be resilient to packet loss events, which are quite commaon
across the Internet.

The previous requirements were the primary drivers behind the design of the FGS video
coding scheme [6.128]. For exampte, the 3D wavelet/subband-based coding schemes require
large memory at the receiver, and, consequently they are undesirable for low complexity devices
[6.73, 6.129]. In addition, some of the methods rely on motion compensation to improve the
coding efficiency at the expense of sacrificing scalability and resilience to packet losses {6.129].
Other video-coding techniques totally avoid any motion compensation and consequently sacri-
fice a great deal of coding efficiency {6.73, 6.130].

The FGS framework strikes a good balance between coding efficiency and scalability
while maintaining a very flexible and simple video-coding structure. When compared with other
packet-loss-resilient streaming solutions, FGS has also demonstrated good resilience attributes
under packet losses [6.131]. After new extensions and improvements to its original framework,
FGS has been adopted in the MPEG-4 Video standard as the core video-coding method for
MPEG-4 streaming applications [6.132]. Since the first version of the MPEG-4 FGS draft stan-
dard [6.133], there have been several improvements introduced to the FGS framework. In partic-
ular, there are three aspects of the improved FGS method. First, a very simple residual-
computation approach was proposed. Despite its simplicity, this approach provides the same or
better performance than the performance of a more elaborate residual computation method. Sec-
ond, an adaptive quantization approach was proposed, and it resulted in two FGS-based video-
coding tools. Third, a hybrid all-FGS scalability structure was also proposed. This novel FGS
scalability structure enables quality (that is, SNR), temporal or both temporai-SNR scalable
video coding and streaming [6.128].

In order to meet the requirements outlined, FGS encoding is designed to cover any desired
bandwidth range while maintaining a very simple scalability structure. Examples of the FGS
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Figure 6.40 Examples of the FGS scalability structure [6.128]. ©2001 IEEE.

scalability structure at the encoder (left), streaming server (center) and decoder (right) for a typ-
ical unicast Internet-streaming application are shown in Figure 6.40. The top and bottom rows
of the figure represent base layers without and with bidirectional (B) frames, respectively.

The FGS structure consists of only two layers: a base layer coded at a bit rate Rb and a sin-
gle enhancement layer coded using a fine-granular scheme to a maximum bit rate of Re. This
structure provides a very efficient, yet simple, level of abstraction between the encoding and the
streaming processes. The encoder only needs to know the range of bandwidth [Rmin = Rb,
Rmax = Re] over which it has to code the content. On the other hand. the streaming server has a
total flexibility in sending any desired portion of any enhancement layer frame, without the need
for performing complicated real-time rate-control algorithms. This enables the server to handle a
very large number for unicast streaming sessions and to adapt to their bandwidth variations in
real-time. On the receiver side, the FGS framework adds a small amount of complexity and
memory requirements to any standard motion-compensation-based video decoder.

For multicast applications, FGS also provides a flexible framework for the encoding,
streaming and decoding processes. Identical to the unicast case, the encoder compresses the con-
tent using any desired range of bandwidth {Rmin = Rb, Rmax =Re]. Therefore, the same com-
pressed streams can be used for both unicast and multicast applications. At time of transmission,
the multicast server positions the FGS enhancement layer into any of the preferred number of
multicast channels, each of which can occupy a desired portion of the total bandwidth. Example
of an FGS-based multicast scenario is given in Figure 6.41. The digtribution of the base layer is
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Figure 6.41 Examples of the FGS-based multicast scenario [6.128]. ©2001 IEEE.

implicit and therefore is not shown in the figure. At the decoder side, the receiver can subscribe
to the base-layer channel and to any number of FGS enhancement layer channels that the
receiver is capable of accessing. It is important to note that, regardless of the number of FGS
enhancement layer channels that the receiver subscribes to, the decoder has to decede only a sin-
gle enhancement layer.

The FGS framework requires two encoders, one for the base layer and the other for the
enhancement layer. The base layer can be compressed using any motion-compensation video-
encoding method. The DCT-based MPEG-4 Video standard is a good candidate for the base
layer encoder due to its coding efficiency especially at low bit rates. Prior to introducing FGS,
MPEG-4 included a very rich set of video-coding tools, most of which are applicable for the
FGS base layer [6.134]. .

The FGS enhancement layer encoder can be based on any fine-granular coding method.
When FGS was first introduced to MPEG-4, three approaches were proposed for coding the
FGS enhancement layer: wavelet, DCT and matching pursuit-based methods. This led to several
proposals and extensive evaluation of these and related approaches. In particular, the perfor-
mances of different variations of bit-plane DCT-based coding and wavelet compression methods
were studied, compared and presented {6.1335]. Based on an analysis of the FGS enhancement
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Jayer SNR, the study concluded that both bit-plane DCT coding and EZW based compression
provide very similar results.

6.5 Multimedia Across DSLs

The Internet with all its applications is changing the way we work, live and spend time. How-
ever. today the Internet is facing a major problem. Growing demand for access has produced
bottlenecks and traffic jams, which are slowing down the Internet. In an attempt to overcome
these restrictions, access has pushed the technology of traditional tetephony to new and innova-
tive heights with the emergence of Asymmetric BSL (ADSL) technology. High-speed ADSL
eliminates bottlenecks, giving all subscribers quick and reliable access to Internet content. Tele-
com service providers have yet to realize the full potential of ADSL. Traditional telephone and
Internet services are only the beginning, but the ability to offer broadcast video services is a real-
ity. Cable TV operators are beginning to offer voice and data services. There is increasing com-
petition from Competitive Local Exchange Carriers (CLEC) and other carriers,” making it
imperative that traditional telecom service provides video services. By offering a range of ser-
vices. established service providers can penerate additional revenue and can protect their
installed base. Direct Broadcast Satellite (DBS) providers, particularly in Europe and Asia, are
offering a compelling Multichanne] Video Program Distribution (MVPD) service [6.142].

A key factor contributing to the successful deployment of ADSL access systems has been
the facility for overlying data services on top of existing voice service without interfering with
the voice service. For the users, this offers the following:

= Always-on service capability. There is no need to dial up because the IP connection is
always available and so is the office networking model in which network resources are
available all the time.

s Virtual second voice line. Unlike when the user is connected through a modem, the
voice line remains available for incoming and outgoing calls.

For the operator, the service overlay allows ADSL to be installed throughout the network,
irrespective of what types of narrow band switches are installed. After the initial success of
ADSL, it became apparent that it could be used to offer multipie phone lines together with a
greater range of services (for example, VPNs) targeted at specific markets. This has been made
possible by the high bandwidth of ADSL., backed up by progress in voice compression, echo
cancelling and digital signal-processing technologies. ADSL offers a high data bandwidth, of
which a portion can be used to offer additional voice services integrated with the data services.
Symmetric DSL techniques, such as Single Pair High-Speed DSL (SHDSL) cannot be deployed
as an overlay to existing analog telephone services, so the delivery of voice and data services
using a single facility requires voice to be carried directly on the DSL link. The techniques used
to transport voice and data in an integrated way across DSL, whether ADSL or SHDSL, are
referred to as Voice over DSL (VoDSL).
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With VoDSL, two main market segments are of interest to service providers. The first is
small- to medium-sized businesses, a significant percentage of which need to be able to send and
receive data of around 500 Kb/s. The voice needs of these customers are typically met by 4 to 12
outgoing lines. Using, for example, ADPCM voice coding, at peak times these phone lines con-
sume only 128 to 256 Kb/s of the ADSL bandwidth, which is typicaily in excess of 2 Mb/s
downstream and more than 500 Kb/s upstream. The second market interested in VoDSL services
is residential users who will appreciate the extra two to four voice lines that VoDSL offers
[6.143].

From the service provider’s perspective, ADSL offers considerable opportunities in terms
of providing source of incremental revenue and a way of reducing costs. Regardless of the type
of operator, there are compelling reasons for the success of VoDSL services. Advantages for the
user include ISDN voice quality; automated provisioning, which greatly reduces the time taken
to add or remove services, handle data and voice service with one-stop-shopping; a single bill
and a common helpdesk. The keys to success are the bundling of both data and voice lines and
pricing flexibility [6.136 through 6.141].

ADSL will be delivering multimedia services to millions of users. The transmission of
digital multimedia data requires the existing systems to be augmented with functions that can
handle more than just ordinary data. In addition, the high volume of multimedia data can be han-
dled efficiently only if all available system services are carefully optimized.

6.5.1 VODSL Architecture
The architecture deployed by a telecom service provider to deliver video services will vary. A
typical example is shown in Figure 6.42. In the access network, the ATM provides layer 2 con-
nectivity across ADSL.
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Figure 6.42 Architecture deployed to deliver video services.
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Thus, each DSL Access Multiplexer {DSLAM)} is either an ATM multiplexer or switch. As
a result, video programs must be delivered in either MPEG-over ATM format or MPEG-over-1P-
over-ATM format. Both technologies are currently available. but the market appears to be favor-
ing the [P as the network layer delivery vehicle. Although IP adds some overhead to the video
stream. it greatly simplifies in-home distribution across Ethernet-compatible media. Also, more
applications are available for IP. broadening its audience. In both cases, the headend and trans-
port networks are similar. The term headend originated in the cable industry and is used here to
denote a location where content is aggregated for TV channels, VoD, e-commerce portals, Inter-
net access and so on. The Jocation of headend, and even whether it is centralized or distributed,
is an architectural choice. As the video content is delivered to the user across the ATM access
network. content can be injected into the network at almost any location. In the case of a broad-
cast TV service. video arrives from various services across diverse media, inctuding DBS, local
off-air broadeast and studios. Content from al} these services has to be fed to an encoding plat-
form and converted ito MPEG format. if not already in this format. Given that the end-delivery
petwork is ADSL. it is highly recommended that the output video signals should be shaped to
optimize lnk use and to ensure that the ADSL line is not overloaded. The output channels are
delivered to an ATM network using either MPEG-over-1P-over-ATM or MPEG-over-ATM
encapsulation. Interactive services, such as VoD and network-based time-shifted TV, are deliv-
ered from servers. which store content in MPEG format and deliver a copy at the subscriber’s
request. The server must be dimensioned for both the amount of content it must store and the
number of active subscribers retrieving data. Single large servers or multiple distributed servers
can be used to meet this requirement. The trade-off is between transport costs, replicated server
costs and management complexity. Other servers for a variety of video services can also be col-
lected at the headend. As for the headend in a VoDSL architecture. it can be centralized or dis-
tributed. Because the content 1s distributed using IP and/or ATM, connectivity is very flexible.

The role of the transport network is to deliver the content from the headend locations to
the appropriate DSLAMS, or their attached switchs/routers, in the access network. The network
must transport two specific types of traffic: multicast and unicast, corresponding to the broadcast
and interactive services.

Broadcast traffic is transported as [P multicast, ATM point-to-multipoint or a combination
of the two. IP multicast overlay using ATM is shown in Figure 6.43. Traffic must be delivered 10
all DSLAM locations in the network, essentially emulating a cable service that delivers all chan-
nels at all locations. Given that the tratfic is either IP or ATM, the choices for constructing the
distribution network are ATM point-to-multipoint or IP multicast. A good solution for an overlay
network is to use ATM point-to-multipoint connections in an ATM-switching environment. ATM
is stable technology with the proven ability to replicate high bandwidth data. This approach will
work across almost any transport network, such as SONET/Synchronous Digital Hierarchy
(SONET/SDH) or Dense Division Multiplexing (DDM), and supports native MPEG-over-ATM
and MPEG-over-1P encapsulation. The links that carry the broadcast channels can also be used
to transport other data, such as interactive content. The downside to this multicast overlay
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Figure 6.43 1P multicast overlay using ATM.

approach is the increased cost of supporting multiple optical transport links and any intermediate
ATM switches required to complete the point-to-multipoint. ATM switches attached to the
DSLAMSs are not included as extra costs, because these switches will typically exist within the
network.

IP multicast-capable routers can also be used to distribute the broadcast TV channels if 1P
is the network layer chosen for the service (Figure 6.44). If an existing IP network provides the
required capacity and performance for multicast replication, then it may be feasible to add
broadcast television streams. The end-delivery encapsulation is ATM, so the IP multicast
streams must be encapsulated into ATM virtual circuits for the final leg of the journey. To ensure
high-quality video, IP networks must also be properly engineered to deliver QoS.

Headend IP Multicast
Switch Router

ATM Concentrator

Figure 6.44 |P multicast overlay using routers.
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The ADSL access network 1s well suited to point-to-point IP architectures. Many different
architectures can be chosen for building a unicast network, including existing Broadband
Remote Access Servers (BRAS), ATM switch/routers and IP cards within the DSLAM con-
nected to routers.

Unicast and broadcast services can be delivered across the same network infrastructure. For
example, the ATM concentrator nodes that aggregate the DSLAMSs support both point-to-multi-
point and puint-to-point virtual circuits. Bidirectional, interactive traffic across ATM point-to-
point virtual circuits can be aggregated at either BRAS or router, depending on the service
requirements. These routing devices, located within certain central offices, can then be connected
to a data center across the same optical transport medium that delivers the broadcast traffic.

The DSLAM is the last element in the access network before the subscriber’s home, It is
respunsible for switching the video channels delivered to the subscriber. In the interest of service
response (rapid channel changing) and bandwidth savings, the nearer the multicasting device is
to the subscriber, means the better the offered service. To meet the performance requirements,
the DSLAM must always support multicasting in hardware. DSLAM multicast replication is
shown in Figure 6.45,

DSELAM $

~erma,

Figure 6.45 DSLAM
muiticast replication.

However, the integrated DSLAM approach is not ideal in cases where the service provider
has an installed base of DSLAMs that do not support such features. Also, broadband Digital
}Loop Carriers (DLC) with ADSL links are unlikely to provide any maulticast switching capabili-
ties. Thus, it is also necessary to offer multicast switching using an external device. Typically,
this: will be either an IP multicast router or ATM switch supporting logical multicast (multipie
point-to-multipoint leaves from the same connection on the same port), or a combination of the
two. Multicast for existing DSLAMs is shown in Figure 6.46. Note that the uplink from the
DSLAM/DLC to the switching device will constrain the number of video subscribers supported
by the DSLAM, because all content channels are treated as unicast from the switching device
onward, Unicast interactive traffic must also travel through the DSLAM, so both multiple virtual
circuits and QoS guarantees must be available within the DSLAM to support both broadcast and
interactive services concurrently. The strength of the ATM access networks lies in its use of vir-
tual circuits {Figure 6.47.)
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Figure 6.47 Multiple services to a subscriber.

A single subscriber might require multiple services, each of which is best served by a
unique device. For example, high-speed Internet access traffic might best be delivered through a
BRAS, which provides a rich feature set for accounting. Multiple services to a subscriber are
presented in Figure 6.47.

After the VoDSL channel is terminated at the subscriber’s premises by a DSL modem, it is
necessary to distribute the content to the set-top box so that it can be viewed on the television.
This is typically done via Ethernet, which can also be connected to the PC.

When the video is encapsulated as MPEG-over-IP-over-ATM, there are more options for
in-home distribution. A variety of Ethernet-compatible media are available or under develop-
ment, including wireless Ethernet, wired Ethernet, Home Phoneline Networking Alliance
(HPNA) and Powerline technologies. Obviously, media that do not require new in-home wiring
are very attractive because they considerably reduce the cost of home installations and the need
to send an engineer to the subscriber’s premises.

Wireless Ethernet is one of the most promising emerging technologies for rapid home
installation. Use of wireless Ethernet in the home is represented in Figure 6.48.
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Figure 6.48 Use of wireless
Etherpet in the home.

The DSL modem becomes an integral part of a broadband home gateway, which supports
home links, such as wireless Ethernet, to communicate with IP devices in the home. A television
set-top box could be one of these devices, so the IP video stream is directed from the home gate-
way to the set-top box. This is possible using the IEEE 802.11b standard, which can support up
to 11 Mb/s, sufficient to supply two remote set-top boxes. Future technologies promise to
increase the bandwidth of the wireless connection to 20 or 30 Mbf/s,

6.5.2 Delivering Voice Services Across DSL

Delivering VoDSL offers a lucrative opportunity for both established and emerging providers,
Today ADSL users can receive one or more digital voice lines on top of their existing analog
telephone line. Depending on the target ADSL penetration and the network application, it will
become economically attractive to implement data-only access networks, based on pure ATM
DSLAMs.

Several benefits of VoDSL are reinforced by a network solution that brings about the con-
vergence of voice and data in both the access and core networks. Several architectures have been
proposed in the context of VoIP. The term “Voice over Packets (VoP)” is used to refer to these
architectures because in many cases the top-level features and advantages remain valid whether
voice and data are carried in ATM, IP frames on IP on top of ATM or the access or core network.
At the transport level, much of the final architecture will depend on the deployment scheme fol-
lowed by the service provider. Evolution from VoDSL to next generation network is shown in
Figure 6.49, In a next generation network, voice calls are no longer handled by exchanges, but
by a central high capacity call server. This server controls the gateways that perform the conver-
sion to VoP. Already next generation network architectures are widely deployed in the core net-
work. Trunk gateways are typically positioned between the local exchange and a packet-based
network (ATM or IP). The transit exchanges are then replaced by more cost-effective router
equipment. Control servers centralize control, thereby reducing operating costs, and voice com-
pression saves on bandwidth, particularly on long distance and intercontinental links. The initial
VoDSL scenario introduces gateway functionality at or in the CPE and access nodes.
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Figure 6.49 Evaluation from VoDSL to Next Generation Network (NGN).

6.5.3 Multimedia Across ADSL

The primary motivation behind ADSL is the delivery of multimedia services. Given the fast
growth of Internet and multimedia applications, the widespread acceptance of ADSL systems
will depend on the ability to provide efficient delivery and refined quality of multimedia data to
the subscribers. Multimedia data has quite different characteristics compared to general data.
One major characteristic is the layer coded structure where multimedia data is constructed into
separate data streams, each representing a layer. The layers have different QoS requirements,
that is, data rate and error performance (Bit Error Rate [BER] and Symbol Error Rate [SER]).

With limited communication resources, for example, bandwidth and transmitted power, a
key design issue in multimedia communications is to handle the layers differently and, therefore,
efficiently. A larger amount of channel resources should be assigned to the layers with higher
importance. For example, it is well known that the use of scalability can enhance the error
robustness of a video service. There are two transmission schemes for multimedia data across
ADSL: serial transmission and parallel transmission.

Serial Transmission: TDM
ADSL transmission is divided into time slots. In each time slot, only data from a single layer is
transmitted. The layers are time-division multiplexed. The design task is finding a time slot for
layer assignment to achieve high-efficiency transmission and to provide an acceptable QoS to
the users. Such a system is named serial transmission [6.144]. The time slot as well as subchan-
nel structure for the serial transmission is shown in Figure 6.50. For these source layers, time
slots 1 and 2 are assigned to transmitting layer 1, and slots 3 and 4 are assigned to transmitting
layers 2 and 3, respectively. The subchannel power and bit rate distributions are different in slots
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1 and 2 compared to 3 and 4. It is important to note that, within a single time slot, the power and
bit rate are allocated so that all the usable subchannels perform at the same error rate. For two
time slots transmitting different layers, the subchannels’ error performances are completely dif-
ferent. An error performance distribution across the time slots and subchannels is illustrated in
Figure 6.51. The system configuration is with four layers from single or multiple sources, 256
subchannels and 10 time slots. The BER is constant within the same time slot and different
across the time slots.

I Time Slot for Layer ?
I Time Siot for Layer 3

D Time Siot for Layer 2

Tima Slot

Power Layer 1 Power Layer 2 Power Layer 3

o x

Subchannels Subchanneis Subchannals

Figure 6.50 Serial transmission for multimedia data across ADSL [6.145].
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