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Abstract

Emerging network infrastructure is making it easier to transmit video with a vari-
able rate per frame. Variable bit rate (VBR) coding can be seen as the “natural”
representation for video, given that each individual frame will have a different level
of complexity, and thus require a different number of bits to be compressed with the
same decoded quality. However, “pure” VBR is not used in practice, in part because
of coding considerations (the purest form of VBR would assume the perceptual qual-
ity to be fixed) and in part because typical transmission environments may not allow
arbitrary variations in transmission rate (or the transmission costs would preclude it).
Thus, in practice there are many types of VBR video. The goal of this chapter is to
discuss the various approaches as well as the coding strategies that allow the coder
to operate at variable rate. A particular focus of our discussion will be the rate con-
trol algorithms, i.e., algorithms that allow the encoder to modulate its output to meet
various constraints, such as minimizing distortion, preventing buffer overflow, meeting
network transmission constraints, etc.
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1 Introduction

The goal of this chapter is to establish the importance of variable bit rate (VBR) coding of
video as a means of providing good decoded video quality, and to show how VBR video can
be best incorporated within a networking infrastructure, and in particular within a network
environment that supports VBR transport. Note that throughout this chapter we will use
the terms VBR and CBR (Constant Bit Rate) to refer to both coding modes (where the rate
refers to the number of bits used per frame) and transport modes (where rate refers to the
number of bits that can be transmitted during certain periods of time). Whether coding or
transmission is being refered to should be clear from the context or will be stated explicitly.

We start by showing how video compressed at constant quality will result in a variable
number of bits per frame. Thus, if the bitstream generated by a video encoder has to be kept
very close to a constant rate (e.g., for transmission over a constant bit rate, CBR, channel),
there will be a penalty in terms of quality (e.g., if a particular scene requires too many bits,
for the available channel bandwidth, then the quality will have to be lowered).

Emerging networks provide a great deal more flexibility than traditional point-to-point
dedicated links or circuit-switching networking techniques when it comes to bandwidth uti-
lization. For example, new network environments based on packet switching, such as the
Internet, lend themselves very naturally to VBR transmission, and thus seem to be better
suited to transmit video streams, which tend to be VBR in nature. Therefore the vari-
able rate produced by the encoder can potentially be matched to a variable transport rate,
whereas in a CBR transmission environment the video encoder would have to adjust its
rate to match the constant channel rate constraint. Still, while VBR transport is appealing,
even if the network supports variable rate transmission it is not necessarily true that it can
transport without loss any arbitrary video bitstream, in particular if transmission is subject
to strict delay constraints. In this chapter we concentrate on the problem of matching VBR
video coding to various kinds of VBR transport modes. Details on these various modes can

be found in other chapters in this book, as well as in papers dealing with VBR transport of



video [1, 2, 3].

In Section 2 we begin by providing concrete examples of the variable rate nature of video
sequences by examining bit rate traces for a video sequence coded with a single quantization
stepsize. Obviously a variable rate compression can be achieved in many different ways and
this section briefly highlights some popular techniques that lead to different conding rates
for the same input sequence.

In Section 3, we then devote our attention to the delay constraints that arise in typical
video applications. These delay constraints are the most general constraints imposed on
a video communications system, since they depend solely on the specific video application
being considered, rather than on the channel characteristics or the type of transport mode
(VBR or CBR) that is selected. Networked video applications can be categorized into three
main classes, (i) live interactive video, LIV, (e.g., video conferencing), (ii) live non-interactive
video, LNIV, (e.g., broadcasting), and (iii) playback of pre-encoded video, PEV. For each
of these scenarios we discuss the specific form of the delay constraints. While all three
application classes are likely to be encountered in practice, in this chapter we discuss mainly
live applications (LIV or LNIV) as they are more challenging in general.

Typically the video encoder has to select the coding parameters, and thus the coding
rate, so as not to violate the delay constraints. Clearly, the degree of difficulty in meeting
these constraints will depend on the bandwidth and delay characteristics of the transmission
channel. Thus, in a network with unlimited bandwidth and low delay one could transmit
very high quality video without risk of violating the delay constraints. In Section 4 we
discuss several possible transmission modes that are often encountered in existing systems.
These modes differ in the variability of the channel rate (e.g., CBR vs VBR) as well as in
the amount of information that the encoder has about the channel conditions.

Given these transmission classes, in Section 5 we define three general problems that each
lead to a different set of rate constraints for the encoder. These cases are (i) the CBR
channel, (ii) the VBR channel with deterministic rates, and (iii) the VBR channel with

randomly varying rates. For each of these scenarios we will provide rate constraints that the



decoder will have to meet in order to avoid data loss due to excessive delay.

Section 6 then presents a summary of the work that has been done in recent years to
enable rate control at the encoder to meet the aforementioned constraints. A complete
survey of rate control techniques falls outside of the scope of this chapter and thus we
will emphasize approaches that attempt to optimize the selection of rates. While in real-
world applications simpler techniques may be selected, focusing on the optimized approaches
allow us to discuss some of the desirable features that all rate control algorithms (whether
emphasizing optimality or simplicity) should seek to achieve. Finally, Section 7 summarizes
the key ideas in the chapter and points to some of the transmission environments where VBR

transmission of video is likely to remain a challenging area of research in the short term.

2 Variable rate compression of video

It is easy to define VBR video encoding: a video encoder is VBR if it produces a variable
number of bits per frame. Of course this is not a very useful definition in that, as described
in the video coding standards chapters, practically all video encoders of interest are VBR.
Thus, this section will be devoted to discussing in more detail how VBR video is produced,
and what its quality implications are. In particular we will emphasize that for practical video
coding schemes there are many ways of producing a VBR stream, and these will have to be
compared in terms of quality or distortion (how the quality or the distortion is measured
will be discussed next in Section 2.1).

There are three factors that explain the variable rate nature of compressed video, namely,
the coding frame type, the input video characteristics and the coding parameters. First, in
most practical coders there exist various frame coding modes, which result in different rates
for the same input frame. For example, MPEG-2 coders include I, P and B frames, and
since P and B frames utilize motion compensated prediction, while I frames do not, P and
B frames result in lower overall coding rate (refer to the video coding standards chapters for
further details).

Second, even if one considers a single type of frame (e.g., all frames are coded in Intra



mode), and the remaining coding parameters are fixed, there will be rate variations due to
the changes in the scene contents. These variations, as will be seen in Section 2.2, can be
very significant. For example, a difference of a factor of two in bitrate between frames in a
given sequence is fairly common.

Finally, the output rate depends on the selection of coding parameters. For the sake of
flexibility and in order to incorporate the maximum number of features into the encoder,
most standard video compression systems incorporate many different coding parameters
(from quantizers, to coding modes, to motion compensation modes) that can be used to
modulate the output rate. We will provide a brief overview of these in Section 2.3, and we
once again refer to the video coding standards chapters for detailed descriptions of these

algorithms.

2.1 Rate-Distortion trade-offs for VBR video

Video compression algorithms aim to achieve the best possible quality delivered to the end
user. Thus, the video quality provided to the end user will depend not only on decisions
made at the encoder, but also on how the video data is transported over the network (e.g., if
the encoder produces too much data for the channel bandwidth, some of this data could be
lost). Thus, an important theme in this chapter is that end-to-end video quality depends on
both source and network and for this reason knowledge of the channel characteristics (e.g.,
its bandwidth, loss or delay characteristics) should be incorporated into the way the video
encoder operates. With this knowledge, through intelligent rate control, the video encoder
will be able to get the most end-to-end video quality out of the available channel.

For most applications of interest, video is compressed in a lossy manner, i.e., the decoded
sequence is not an exact copy of the original video sequence. Perhaps the only two situa-
tions where a lossless compression may be needed are (i) scientific applications, where all
the available information is likely to be needed for later processing and analysis, and (ii) en-
tertainment applications, where lossy compression could lead to artifacts during production

and thus is likely to be introduced only when the final version of the video is ready.



Thus, we will consider here lossy compression only. In order to meet our stated goal of
providing the best video quality to the end user we first need determine ways of measuring
this lossy video quality. Knowledge of perceptual issues for image coding [4] is more developed
than for video, although in the latter case some basic facts are known [5]. The quality of
individual frames in a video sequence can be assessed in much the same way as for still
images. However the fact that video quality could change over time has to be taken into
account. A typical assumption is that overall perceptual quality for a complete sequence will
depend on the quality of its worst quality scene, given that the worst scene is sufficiently
long [5].

While some general guidelines may apply, the quality assessment will also depend on
the type of application being considered. Thus, quality expectations for a videoconferencing
application are likely to be much lower than for the delivery of a movie over a network. Note
also that we do not consider here the effect of packet losses on perceptual quality (these are
considered in the error concealment chapter).

A popular approach for perceptually-based compression is to introduce in the encoding
process some constraints that are perceptually meaningful and then let the encoder optimize
an objective metric, such as mean squared error (MSE) or weighted MSE. One example of
this approach is the design of quantization matrices for DCT-based coding (see the video
coding standards chapter), where frequencies are given different weights according to their
relative perceptual importance. Another example comes in the bit allocation among frames,
where a generally accepted “rule of thumb” is that quality should be kept more or less
constant from frame to frame, and therefore a good bit allocation should try to penalize
large changes in quantization stepsize within a set of frames.

For applications that involve real time encoding and transmission (i.e., where the low
overall delay is needed) these so called objective distortion metrics will be sufficient. As
will be seen, for off-line encoding applications more sophisticated techniques are required to
supplement MSE-based approaches as it becomes possible, for example, to determine which

scenes in a given video sequence require more rate to achieve similar perceptual quality.



2.2 Achieving constant quality requires variable rate

Compression is achieved by exploiting the existing redundancies in the source (e.g., spatial,
temporal and statistical redundancy). Since the level of redundancy varies from frame to
frame, it comes as no surprise that the number of bits per frame be variable, even if the
same quantization parameters are used for all frames.

Consider for example the spatial allocation of bits in a frame. As described in previous
chapters, the number of bits required to encode an image block, with a given quantization
stepsize, will depend on the frequency contents of the block. Therefore, images containing
high frequency information will require more bits than frames having predominantly low
frequency content. Similarly, scenes with significant motion will require more bits than
scenes exhibiting little or no motion.

Thus, a fundamental result in video coding is that maintaining a constant (perceptual
or objective) quality throughout a sequence requires a variable rate allocation. This large
variability has been observed in video trace analysis work such as that in [6], or [7]. An
example can be seen in the trace shown in Figure 1 corresponding to the Mission Impossible
movie, where the sequence has been coded with a constant quantization parameter in a
Motion JPEG framework!. As can be seen, changes of over a factor of two are common, and
for longer sequences even larger variations are likely. Fig. 2 also shows how the MSE varies
substantially from frame to frame. Note that if an MPEG coder [9] were used instead, the
average rate per group of pictures (GOP) would show similar variability, but variations in
rate within a GOP would depend mostly on the frame type (e.g., I-frames vs B-frames).

These traces illustrate how the problem of achieving constant perceptual quality for a
whole sequence takes different forms depending on whether live or pre-encoded video is
considered. On the one hand, if live video is considered it is not possible to guess what the
contents of future frames will be, and therefore, at a given time, the encoder will have to

make coding decisions to target the quality of the current frames.

!Each frame is coded using JPEG [8] and the same JPEG coding parameters are used for every frame.
We use the measured total number of bits per frame and the average distortion (MSE) in our traces.
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Figure 1: Mission Impossible trace: Rate

On the other hand, let us consider authoring of compressed movies for DVD storage as
an example of pre-encoded video. In this particular scenario the only constraint is the overall
storage capacity in the DVD (since data can be read into the player at much higher rate
than the typical video coding rates), and therefore the number of bits assigned to different
scenes can show significant variations. Moreover, given that these movies are compressed
once, but are decoded many times, a relatively complex encoding process is acceptable as
long as the achievable quality gains are significant.

Thus, a two-pass approach is typically used, where the first pass aims at locating scenes
that have higher “complexity”, i.e., will require a larger amount of bits in order to achieve
the desired quality. This can be accomplished by coding the whole sequence with a single
quantizer scale and then determining which parts of the sequence have required more bits
(see for example [10, 11]). This information is then used in the second pass of the algorithm
where the encoder is allowed to adapt the quantization step size, based on the results of the
first pass. For example, for “easy” scenes it may possible to decrease the rate, with respect
to the first pass, without affecting the perceptual quality.

The concept of scene complexity is illustrated by the plots of Fig. 3. The top two plots

10
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Figure 2: Mission Impossible trace: Distortion

are normalized versions of Figs. 1 and 2, where we have normalized by dividing all rate or
MSE values by the maximum rate or MSE in the sequence (e.g., R; = R;/max;(R;), where
R; and R are respectively the rate and normalized rate for frame 7.) The bottom plot shows
the normalized value per frame of the product of rate and MSE (i.e., D - R) for each of the
selected quantizers. Note that since typical rate-distortion characteristics can be roughly
modeled as having the form D = K/R, for a given constant K, then D - R does provide
an approximation to the complexity of a particular frame. Under the D = K/R modeling
assumption a large K means that many bits are required to achieve low distortion and thus a
frame with large D - R can be deemed to have high complexity. Conversely, a small K would
indicate low complexity, since a small number of bits can significantly reduce distortion. In
the particular example of the bottom curve of Fig. 3, the final section of the sequence (say,
after frame 8000) seems to be less complex that the beginning and thus a two-pass algorithm
would tend to allocate more bits to the beginning of the sequence than to the end.
Interestingly, for professional DVD applications two-pass algorithms are not enough and
there is usually a third stage before the final compressed version is produced. In this final

stage a person actually views the decoded sequence and applies selected modifications to
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Figure 3: Mission Impossible trace: Normalized rate, distortion and complexity per frame.
Note that variations from scene to scene are very significant.

the coding parameters to ensure that any remaining visible artifacts are removed. The
role of this person (sometimes called the “compressionist”!) clearly demonstrates not only
that MSE has its limitations but also that reliable, automatized, perceptual quality metrics
remain difficult to define, and therefore achieving near perfect perceptual quality (under rate
constraints) remains almost an art.

In summary, we can assume, as in [11], that through frame complexity estimation or other
techniques it will be possible to determine the “ideal rate” for each segment of a sequence.
Here ideal rate is defined as the minimum number of bits that produces transparent quality,
i.e., such that the original segment and the decoded one are indistinguishable. Such an ideal
rate, or an alternative rate allocation aiming at constant perceptual quality, will be different
for each segment in the sequence, and therefore coding at constant quality will necessarily

require variable rate per frame.

2.3 Mechanisms available to produce variable rate video

In the example of Figs. 1 and 2 we kept a fixed quantization step-size for all frames and

employed Intra-only coding (i.e. frames were all coded using JPEG with same coding pa-
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rameters for all frames). Obviously, as indicated in the video coding standards chapters,
a state of the art coder incorporates many other coding options. Examples of how these
coding options can be judiciously chosen to optimize performance are given in [12]. Here
we will just provide a rapid overview of available mechanisms. We refer to the chapters on
compressed video standards for further details about the various parameters that can be
chosen for each frame, and to [12] for a detailed description of techniques that can enable

an efficient selection of parameters.
2.3.1 Quantizer selection

The most immediate approach to produce a variable rate is to change the quantization step-
size. All video compression algorithms used in practice, including those based on standards,
allow flexibility in the selection of quantizer (see the chapters on compressed video standards).
Typically, each individual block or macroblock within a frame can be assigned a different
quantization step-size. These features are included in video compression algorithms primarily
to allow the systems to operate at several channel rates and to provide the benefits of a good
bit allocation within a given image. For example, one can allocate a finer quantizer to
those parts of the image that may be more sensitive to quantization errors. Well known
techniques such as Lagrangian optimization can be used to achieve an efficient allocation in
the rate-distortion (RD) sense among the blocks [13, 14, 12].

For video coding, quantizer selection is further complicated by the fact that motion
compensated prediction is used. Because motion compensated prediction is based on trans-
mitting the difference between a previously quantized frame and the current frame, quantizer

selection for one frame affects the RD performance for future frames [15].
2.3.2 Coding mode selection

In addition to the quantization stepsize, other coding parameters (or coding modes) can also
be chosen to be used for each macroblock. In particular, for Inter frames each macroblock

can be predicted, skipped, or coded in intra mode. Typically, this decision can be made by
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considering which of the modes provides the least energy residue in the motion compensated
predicted frame. However, alternative approaches can be used, where the trade-off between
rate and distortion is considered. More generally, there could be other modes of operation
that can be selected, including for example the type of motion compensation used (e.g.,

overlapped vs. non-overlapped, motion vector block size, etc.) [12].

2.3.3 Frame-type selection

Consider as an example MPEG-2 (see the corresponding chapter). The three frame types (I,
P, B) can be chosen according to several criteria. For example, a specific application such as
stored video may require that I frames be placed at fixed intervals (e.g., one every 0.5 secs)
in order to enable random access and features such as fast forward and rewind. In a real
time application, frame selection can be used to modulate the encoding rate. For example,
the spacing between I frames can increase if lower rate is desired. As before the frame-type

selection can be optimized based on the RD trade-off [16].

2.3.4 Frame skipping

Finally, certain video coding standards allow frame skipping leading to a variable frame rate
and therefore variable rate video. Frame skipping means reducing the number of frames per
second that are transmitted (for example from the original rate of 30 frames/s to, say, 10
frames/s) so that if lower source rate is required one can transmit fewer frames but use more
bits per frame. This option is obviously more suitable for interactive video and in general
low quality applications, where it is not crucial to maintain a constant number of frames
per second. In particular, for computer based applications, as opposed to systems where
specialized hardware is used, it may be easy to support the display a variable number of

frames per second and to even introduce techniques for interpolation at the receiver.
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3 Delay Constraints for Real-time Decoding and Dis-
play of Video

The two main ideas presented in the previous section are that constant quality video tends
to require a variable bit rate and that there are many ways in which a variable rate bitstream
can be generated. The encoder has the ability to select parameters for each of these modes
and as in [12] methods such as Lagrangian optimization and dynamic programming [14] can
be used to search the space of all possible operating points to find the one that is better in
a rate distortion sense. Section 6 will discuss issues of rate control, that is, how to allocate
bits among different frames in a sequence. Obviously these problems only arise when there
are constraints (as there surely will be) on the total rate that can be used. The goal of this
section is to describe the possible delay constraints that will make transmission at the ideal
rate not feasible in practice. More detailed discussions of the various delay constraints can

be found in [17, 18, 19].

3.1 Delay Constraints: Preventing Decoder Buffer Underflow

Let us assume that a video sequence with a total of M frames is transmitted at a fixed
number of frames per second?. Let R; be the number of bits assigned to the i-th frame®. Let
tqy = 0 be the time at which the first bit of the video sequence is received by the decoder.
Time is measured in units of number of frames at the decoder. Thus, t; = 7 corresponds
to ¢ frame intervals having passed, where one frame interval lasts ¢; seconds. For example,
assuming that 30 frames per second are being displayed at the decoder, é; = 1/30secs.
Let C; be the number of bits received by the decoder buffer during the i-th frame interval.
Note that C; does not correspond necessarily to compressed data for the i-th frame. This
is because data for a particular frame could be transmitted over several frame intervals,

depending on bandwidth conditions and the number of bits used to code the frame.

2Qur formulation could be easily adapted to having a variable number of frames per second but we make
this assumption for simplicity.

3Tt would be possible to consider smaller basic units, e.g., a set of blocks within a frame, but for simplicity
we consider frames as our basic unit.
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We will assume that the decoder actually begins decoding and displaying frames after
AN, frame intervals, or AT; = ANy - 65 seconds, have passed. Thus, the first frame (frame
1) will be decoded and displayed at time t; = ANy. Although a more detailed analysis of the
delays involved, e.g., computation delay, is possible (see for example [20]), here we assume
that frames are instantaneously decoded and displayed.

Under this framework, the system will function normally as long as the decoder buffer is
“fed” frames sufficiently fast so that after time t; = ANy, the decoder can play 5]?1 frames
per second. Note that so far we have made no assumption as to how the frames are generated
at the transmitter or when they are transmitted. Since we assume that frames are played
back at a constant rate, it follows that if the first frame is decoded at time ANy, then the
i-th frame must be available at time i — 1+ ANy, i.e., (i —1+ANy) - seconds after the first
bit was received at the decoder. In the most general case, the goal of the transmitter will
be to avoid decoder buffer underflow (see also Fig. 4). Obviously decoder buffer overflow as
well as encoder buffer overflow and underflow also have to be addressed. However overflow
at either buffer can be addressed by providing sufficient buffer memory. Given the continued
decrease in memory costs, the assumption that sufficient memory is available seems to be
reasonable for many applications. Encoder buffer underflow can be easily avoided by not
transmitting data. Thus from now on we will focus on decoder buffer underflow prevention
and this will be the main objective of the rate control algorithms of Section 6.

In our system, the compressed video data is placed in a transmission buffer, from where
it is drained and transmitted. We assume that the video encoder and the transmitter are

combined so that the video enconder can control when data is transmitted.

Formulation 1 Decoder buffer underflow prevention In order to prevent the decoder
from losing frames the transmitter has to ensure that all the information corresponding to
frame i has arrived to the decoder before ty =1 — 1+ ANy. This is equivalent to the channel

rates having been sufficient to transmit all the necessary data,

i—1+AN, i

o Ci>Y Ry, Vi (1)
k=1 k=1

16



that is, the total channel rate used up to time i — 1 + ANy, has been enough to transport the
first © frames.

Bits arriving through channel

(A)

Bits in
decoder
buffer
Decoder bffer underflav
‘\\ Bits remwed by the decoder
=0 R1 /
|
f Time at decoder
ANy

Figure 4: Data received at the decoder and data that has to be available for decoding to
proceed. Clearly, if the decoder demand, (B), exceeds the channel supplied data (A), at any
time, the decoder will be unable to operate correctly. This is what is called decoder buffer
underflow.

Note that we are assuming that no frames are skipped at the encoder. Clearly, if the
encoder was allowed to skip frames, some of the time and delay constraints might be less
stringent than if all frames had to be encoded and delivered. However, even in the case
where the encoder generates a variable number of frames per second, constraints similar to
those above would hold, with the only difference being that the frame intervals would have
variable size.

We continue to assume that the encoding and decoding delays are constant and thus are

not taken into account in what follows. Thus, the two delay components that can result in
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a violation of the constraint of (1) are:

e Transmitter buffer delay, d;. This is the delay due to the time it takes to drain
video data corresponding to a particular frame, after it has been placed in the transmit
buffer by the encoder. This delay exists only if the channel bandwidth is limited and
does not match the data produced for all frames, otherwise data could be drained into
the channel as soon as it is produced. Clearly, given the video data, the lower the

channel rate, the longer this delay will be.

e Transmission channel delay, é.,. This is the delay suffered by packets of video data
being transmitted through the network, i.e., from the time they have been extracted
from the transmit buffer, to the time when they are available at the receiver buffer.
There are numerous scenarios where this delay may be variable, such as transmission
over a shared network or transmission over a lossy link (here delay is assumed to include

the time needed for retransmission of lost data if applicable).

Clearly, then, for a given coded sequence the channel resources will have to be selected such
that the total delay dy + 6., incurred by each video frame does not result in a violation of
the decoder buffer underflow constraint.

As an example of the delay variability, consider Fig. 5 which depicts the number of frame
intervals required to transmit 100 frames at a constant rate equal to the average rate of the
sequence. This was generated by taking the rate trace of Fig. 1, computing the overall average
rate, then dividing the total rate for each group of 100 frames by 100 times the average frame
rate. As can be seen, when most of the frames are below the average rate, transmission can
be completed in less than 100 frame intervals, while when the rate is greater a longer delay
is incurred. In other words, if a delay constraint of 100 frame intervals (AN; = 100) were
to be enforced, lower average rate would be required for many frames in the initial part of

the sequence.
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Figure 5: Total Delay in transmitting 100 frames. For each frame we plot the number of
frame intervals that would be needed to transmit the next 100 frames under the assumption
that the average rate per frame for the whole sequence is used as the constant channel rate.
Note that the delay oscillates around 100 frames and that some scenes require more than
100 frames for transmission.

3.2 Real-time vs pre-encoded video

Note that the delay constraint comes into play because the decoder cannot “wait” for late
frames. Thus, in order to know whether the delay d;, + 6., exceeds this maximum delay we
will need to know first when the encoded frames first become available. To do so we have to

differentiate between live and pre-encoded video.
3.2.1 Pre-encoded video

Let us consider first the case of offline playback of a pre-encoded source. In this case the
whole video sequence has already been encoded and is ready to be transmitted. Thus, in
this scenario we can assume that the transmission buffer is very large and contains the whole
video sequence at the beginning of transmission. Even if, as is the case for disk based video
servers, there are two separate levels of storage (e.g., disk and transmission buffer) it is
still likely that the bottleneck will be in transmission, rather than in moving data from the

storage device into the transmission buffer. Thus, since all the frames are available at the
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transmitter from the beginning, and the deadline depends only on the decoder, the maximum
delay that a frame can experience will be variable. For example, as illustrated by Fig. 6, for
a given channel rate, if the number of frames per second transmitted is large (e.g., more than
30 frames per second) then subsequent frames may be transmitted over a longer interval of
time without being lost at the decoder. Thus, in the PEV case, ignoring the channel delay,
we have AN, frame intervals to transmit the first frame and in general AN, + 7 intervals
to transmit the ¢-th frame since all the frames are available at the transmitter at the start
of the video transmission. In summary, as seen in Fig. 6, the maximum delay per frame is
different for each frame and there is more flexibility in transmission than in the live video

case, which we consider next.

| All video frames are

availableintheencoder
/ buffer
Maximum admissible
delay for each frame
< > (A)
AT,
Rs Rs
AT,
Ro R>
\ Bits removed by the decoder
R1 =0 any I Ry o~—
|
Time at encoder
étltb + 6tlch ATd

Figure 6: Delay constraints in the PEV case
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3.2.2 Live Video

Consider the scenario where video is captured in real-time, then compressed and transmitted.
Assume that the first frame experiences delays ¢}, and §), after the time the frame has been
captured and compressed. Normally 6;, will tend to be very small or zero, since there are no
other frames waiting to be transmitted. However a delay may exist because time is needed to
set up the transmission or because the encoder decides to store a few frames in the encoder

buffer before starting to transmission actually starts (e.g., in order to avoid encoder buffer

underflow).
Theinterval between video The interval between video
frame arrival at the encoder is frame decoding and display is
constant and equal to t; also constant and equal to t;
Maximum admissible
for each frame is con-
stant for each frame AT
15
- - (A)
AT
Rz R3
t
15 —
ﬁ? -
R2 AT I RZ
Y
~/—— > \ Bits removed by the decoder
R, t=0 AT R, /
|
| Time at encoder
6t1tb + 6tlch ATd

Figure 7: Delay constraints in the live video case

Thus, the first frame will experience, from capture to display, an overall end-to-end delay,
AT, which can be written as

AT = 8§} + 62, + ATy, (2)
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where ATy is the time the decoder waits before starting the decoding process, measured from
the time the first bits of video data were received. That is, the time between the capture
and encoding of frame ¢ and its decoding and display will be AT for any 7. It is important
to note that even though all the delay components will vary over time, so that frame ¢ will
experience delays 07, and 7, the overall delay AT has to remain constant. This is illustrated
by Fig. 7.

Thus, in this real-time encoding case, frames arrive at the encoder at a constant rate (5171
frames per second), are encoded and put in the encoder buffer. The first frame is decoded
after ANy = AT,;/6; frame intervals and, unless frames are dropped, the i-th frame also has
to be available at the decoder by time 7 + ANy. In this case each frame spends exactly AT
seconds in the system and there are always exactly AN = AT/, frames in the system.

Clearly, given that AT determines the maximum delay a frame experiences, having a
large AT chosen will tend to reduce the chance of violating the delay constraint. As we will
see in Section 6 this can alternatively be seen as meaning that the rate control algorithm

will have more degrees of freedom and thus the overall video quality will be better.

3.3 Interactive vs Non-interactive video

The tightness of the constraint will also depend on how much overall delay the specific
application can withstand, i.e., how large can AT be for a specific application.

In a non-interactive application this delay AT has the effect of an initial latency in the
playback. Anyone who has used video or audio feeds from the Internet may have observed
how data is initially buffered before playback begins. One question that comes to mind
is what benefit, if any, can be derived from having a large AT. In the case of unreliable
environments such as the Internet the answer is immediate. Since the end-to-end delay
determines the delay constraint for any given frame, longer AT means that larger variations
in the delay components can be tolerated. This means that the system will be more robust
to losses and jitter (more time for retransmission) but also that the individual transmission

delays of each frame (source rate for the frame divided by allocated channel rate) can vary
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significantly. This enables more flexibility in allocating bits per frame and allows us to
approach “ideal” VBR coding rates. Thus, in general, larger AT tends to result in higher
quality.

The live interactive video scenario only differs from the above case in that the overall
delay has to be lower, i.e., AT has to be small. A typical assumption in this case is that
a 150msec roundtrip delay (from the time one of the users of the system says something,
until the time this user receives an answer). This constraint severely limits the potential
for improving performance through rate control. Under these delay constraints, only a few
frames are in the system at any given time and the encoder and decoder buffers have to be

small.

4 The Impact of Transmission Modes on End-to-end
Video Quality

To this point we have described the delay constraints as observed by the encoder and de-
coder but have not considered how the achievable end-to-end performance is affected by the
selection of transmission mode.

As an example consider the extreme case where the channel delay ¢, is negligible and
where each frame at the transmitter buffer is transmitted completely within a single frame
interval, that is, C; = R;. In this case, an example of VBR transmission, the system would
be able to operate with practically no delay. However, given rate traces such as those
presented earlier it is unlikely that such a network service will be available, unless capacity
is significantly overdimensioned with respect to the expected number of users.

VBR transmission of video encoded at variable rate seems to be a desirable objective,
since it would match the variable rate output of a coder to a variable transmission rate over
the channel. Substantial activity in exploring VBR transmission of video dates back to the
mid to late eighties (for example [21, 22, 23]) and is still ongoing [24]. However, researchers
have used the term VBR to describe different types of transmission modes, ranging from

modes that guarantee quality of service (QoS) in the data delivery, to approaches with “best
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effort” performance, as is the case with transmission over the Internet. Each of these VBR
modes presents different challenges to the video application to ensure transmission under the
constraints of Formulation 1.

There are numerous transmission modes that can be used to transport video data. Our
objective here is not to provide an exhaustive enumeration and we refer the reader to the
chapters on ATM and on feedback of rate and loss information, where some of these trans-
mission modes will be presented. Instead we provide an overview of the properties of these
transmission modes. We present these at a high level, with our emphasis being the clarifica-
tion of how selecting one mode or another will affect the video transmission. Our motivation
is to provide a simple classification of transmission characteristics, and in particular as they

are relevant to the video encoder.

4.1 CBR vs. VBR transmission

VBR transmission has been deemed attractive for both source quality and network utiliza-
tion. Thus, some of the promised advantages of VBR video combining VBR coding and

transport are

e (i) Better video quality for the same average bit-rate, by avoiding the need to adjust
the quantization as in CBR, i.e., we may be able to operate close to the “ideal rate”

for the source,

e (ii) Shorter delay, since the encoder buffer size can be reduced without encountering
an equivalent delay in the network. In the simplest case, if we can use for each frame
as many bits as needed to transmit it within a single frame interval, the delay will be

low indeed.

e (iii) Increased call-carrying capacity because the bandwidth per call for VBR video
may be lower than for CBR for equivalent quality. This is also described as statistical

multiplexing gain, with the basic idea being that if a number of VBR sources are
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grouped together they are unlikely to all make usage of their maximum rate at the

same time, so that lower-than-peak-rate bandwidth allocation is possible.

While these potential advantages were heavily emphasized in early packet video papers,
further research has shown that no design can maximize them simultaneously. In this chapter
we concentrate on video coding aspects, but it is clear that, as argued in [24], a VBR transport
design can have advantages for both video and network sharing and thus it would have to

be evaluated based on both types of metrics.

4.2 QoS Guarantees vs Best Effort

Much of the early work on packet video assumed transmission under some sort of Quality of
Service (QoS) guarantees would be available. These QoS guarantees are generally assumed
to be probabilistic. For example, for a particular service there may be a guarantee that the
delay will not exceed some value more than a certain percentage of the time. While there
has been extensive research on QoS guarantees in small scale ATM environments (e.g., a
local network, or a switch) there is as yet no deployment of services with end-to-end QoS
over the Internet. For this reason video over the Internet operates under completely best-
effort conditions. From the perspective of the video encoder/transmitter, operating in a
best-effort environment may require that a transmission scheme be designed with features

to ensure robustness to packet losses as well as potentially significant variations in delay.

4.3 Constrained vs Unconstrained Transmission Rate

Normally, if QoS guarantees exist, then there are also some constraints on the number
of bits that can be transmitted through the channel. Obviously, this is true in the CBR
transmission case, where rate is guaranteed to be constant but a strict limit on the channel
rate exists. More interestingly, constraints will also be applied in the VBR transmission
case, i.e., even though a variable number of bits can be transmitted, the transmission rate
is subject to some conditions. For example the long term sustainable rate may have to

be below some maximum value and the short term or “peak” rate may likewise be limited.
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These constraints are typically defined in terms of some operational measurements (typically
simple counters are used), that the network uses to determine whether specific sources are
complying with the constraints. These are called policing functions and examples include
the Leaky Bucket, the sliding window, and the jumping window [25, 26]. Note that in some
cases the constraints are explicit (e.g., when policing functions such as the leaky bucket are
used). This is particularly likely when QoS is provided since the transmitter agrees to abide
by certain rules in order to receive the promised guarantees from the service provider. In
other cases, especially if only best-effort transmission is available, the constraints will be
implicit and will only be indirectly observed. For example, if transmission using TCP/IP
is used, there will be no explicit conditions on the rate to be transmitted but as congestion

arises the transmission rate will have to be lowered.

4.4 Feedback vs No Feedback

As argued in [24], feedback to the video encoder is one of the key characteristics of video
(as opposed to data) transmission over packet networks. In data transmission, feedback can
only be used to adapt the way the information is sent (e.g., reducing the transmission rate
if congestion occurs as in TCP/IP) but the information itself cannot be changed. Thus, in
a TCP/IP transmission, rate reduction means that the overall transfer time will be longer,
since the data to be transmitted remains the same but the channel rate is lower. Instead,
video encoders can modulate the data they produce by adjusting a number of parameters,
including quality, frame rate and resolution. This is particularly useful when there are time
variations in the channel characteristics (e.g., due to network congestion).

An example of the role of feedback can be seen by considering a generic system, where
the video encoder emits encoded data to a buffer and encoded data, or video traffic, is then
drained at a variable rate, which is monitored at the User Network Interface (UNI) [27].
This system would be typical of an ATM based interface, but similar methods might be
applied under other transport mechanisms. The UNI monitors the transmitted rate and

compares the connection parameters to those negotiated between the user and the network
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at the time of connection set-up. The network policing functions, if used, can be considered
to be implemented at the UNI. Finally, traffic transmitted through the network experiences
some QoS. Information about the currently available QoS, as determined for example by the
existence of congestion, might be also transmitted back to the UNI and thence to the source
(as for example in an Available Bit Rate, ABR, scheme [28]).

Under this generic system set-up we can define the following modes of operation [24]:

1. Unconstrained VBR (U-VBR), where the video encoder operates independently of the
UNI. For example the encoder operates with a constant quantization scale throughout

transmission. Most video rate modeling efforts have been based on U-VBR traces.

2. Shaped VBR (S-VBR), where the buffer is linked to the UNI, but is not connected to
the encoder. In this case, the encoder produces a bitstream that is identical to that
in U-VBR. However, now a shaping algorithm can determine the actual transmission
rates C;. While the content of the bitstream is unaffected, the traffic patterns may be

smoothed out at the cost of some additional delay.

3. Constrained VBR (C-VBR)*, where the encoder has knowledge of not only the buffer
state but also the networking constraints at the UNI. Thus the video encoder can mod-
ulate its output so as to maximize the video quality given all the applicable constraints,
including those related to delay and transmitted rate. Here, the bitstream content is
affected, but the changes are made by the video encoder, which can change the rate in

a manner that has the least impact on perceptual quality.

4. Feedback VBR (F-VBR), which adds information about the network state to what is
made available to the encoder. This allows the same trade-offs as in C-VBR to be
considered, with the additional advantage that the encoder can adjust to changes in

the state of the network (for example congestion periods).

4This was referred to as Shaped Bit-Rate, or SBR by Hamdi et al. [29, 30], but here we use the same
naming convention as in [24].
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In this chapter we concentrate on the C-VBR and F-VBR scenarios, as these are the only
two modes of operation that entail some sort of feedback to the video encoder. These are
the most likely to provide the best performance. The rate constraints that will be presented
in Section 5 make explicit how the encoder has to operate under the delay constraints of
Formulation 1 for each channel transmission scenario. Then, in Section 6 we will provide an
overview of algorithms that can be used to meet these constraints.

It is worth emphasizing that in much of the early work (such as [21, 22, 23]) feedback was
disregarded. For example the experimental performance analysis work employed bit traces
that were generated by video encoders operating “open loop,” that is, without any kind of
feedback. On the other hand, most practical systems will incorporate some sort of feedback

and therefore feedback should be incorporated into the analysis.

5 Encoder Rate Constraints

In the preceding sections we have described the delay constraints and the various transmission
modes available. We now derive the rate constraints that the encoder/transmitter has to
meet in order to avoid violating the delay constraints, for a given channel configuration. For
the purposes of our discussion we will divide the channels into three classes, namely CBR,
VBR with predictable, but constrained, channel rates and VBR with unpredictable channel
rates.

Note that in designing a complete video transmission system, several parameters, other
than transmission rate, need to be taken into account. For example, one can think of end-
to-end delay as a resource, since for the same rate the coded quality increases when ATy
increases. While this comes at the cost of increased initial latency it may be a worthwhile
trade-off for LNIV or PEV applications. Likewise, memory may be a limited resource even
if delay is not, so that the overall buffer space in the decoder will have to restricted (e.g., a
hand-held device or a set-top box).

Figure 8 provides an illustration of the relevant rate constraints. In this figure (A)

represents the total accumulated bits in the transmitter buffer (each step represents the bits
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corresponding to one frame). (B) represents the bits corresponding to frames that have been
removed from the decoder buffer (each step corresponds to removing one frame so that it
can be decoded). Note that (A) and (B) are simply shifted versions of each other, since
the frames that are put in the transmitter buffer are eventually removed from the decoder
buffer in order to be decoded. Also note that in this example the delay, the difference in the
time axis between the (A) and (B), is made up of two components, a delay in starting the
transmission and a delay in starting the decoding.

(C) represents the rate at which bits are transported from encoder to decoder. In this
case we are representing a CBR transmission mode since (C) is shown as a straight line.
Thus (A)-(C) corresponds to the bits remaining in the encoder buffer and (C)-(B) to those

present in the decoder buffer.
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Figure 8: Rate Constraints
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From Figure 8 we can also visualize the four possible constraints that one may have to
take into account in the coding process, namely, the overflow and underflow conditions at
encoder and decoder buffers. Encoder buffer overflow occurs when the buffer memory at the
encoder is exceeded, that is, if the difference (A)-(C) becomes greater than the maximum
memory. Conversely, if the difference (A)-(C) becomes zero (it cannot be negative) what
we observe is encoder buffer underflow and in this situation no transmission takes place, or
“filler bits” are sent. At the decoder, if (C)-(B) is too large, the decoder buffer may overflow.
On the other hand, if (C)-(B) becomes negative (as in the example of Figure 8) that means
that the decoder demand exceeds the bits supplied by the channel and therefore decoder
buffer underflow occurs.

In this chapter we concentrate on the problem of decoder buffer underflow (frames arriving
too late at the receiver). As mentioned before, encoder/decoder buffer overflow problems
can be solved easily if sufficient memory is available and decoder buffer underflow is avoided.
Moreover, we will assume that encoder buffer underflow can be handled without penalty

through the introduction of filler bits.

5.1 CBR

Clearly, a Constant Bit Rate (CBR) transmission mode, because of its predictable traffic

patterns, makes the task of network management easier (in that all decisions can be based

on deterministic traffic characteristics), although it also precludes gain via statistical multi-

plexing. Further, the CBR mode is not well matched to the inherently VBR characteristics

of coded video. However, it is difficult to support good quality video using VBR transport

unless the network provides feedback to the source, or provides end-to-end delay and loss
5

guarantees with VBR transmission constraints that are known to the source’.

In a CBR environment we have, as in Figure 8, a fixed number of bits transmitted through

5Transmission of video over channels without such feedback is possible, as demonstrated by live video
multicasts over the Internet. However, the resulting video quality cannot be as high as in a guaranteed
transmission environment, since the video encoding algorithm has to be made robust to almost certain
channel losses (and thus both video quality and compression factors suffer).
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the channel. Let us consider now the state of the encoder and decoder buffers, under the
condition that, as in Formulation 1, frames put in the encoder are removed from the decoder
buffer after a fixed number of frame intervals AN, has passed. To simplify the notation,
we assume that the channel delay is negligible and that data is sent from the transmitter as
soon as it is available, i.e., d}, + 0%, = 0, and in general §%, = 0. Thus the only delay in the
system corresponds to the AN, frame intervals that the decoder waits before removing the
first frame from the buffer. Under these conditions the encoder and decoder buffer states at

the 7 frame interval are respectively,
B(i) = Y R, —-) C (3)
j=1 j=1

Jj=1

Bd(l) ;-:1 C - ZZ}ANd Rj, when 7 > AN, (4)
521 O, when 7 < ANjy.

Thus the encoder contains simply all the bits produced up to that time, minus those that
have been transmitted, at the constant channel rate C. The decoder buffer at time 7 on the
other hand contains all the bits received from the channel up to that time, minus the frames
that have been decoded. Note that, consistent with our delayed decoding assumption, at
time ¢ the i — ANy-th frame is being decoded. Note also that we assume that there is no
encoder buffer underflow, i.e., 3~ R; is always 3~ C, to preserve the linearity of the constraints.
This is an easy constraint to meet in practice since the encoding rate can be increased so as
to avoid underflow.

If we now combine the encoder buffer occupancy (3) at time ¢ and decoder buffer occu-

pancy (4) at time i + AN, we have that:

i+ANg i i+ANg i i
Bii+AN) = Y. C—SRi= Y C—(3XCR-Y0)
Jj=1 j=1 j=i+1 j=1 j=1
i+ANg
= > C-B%) (5)
Jj=i+1

Thus, in order to prevent the decoder buffer from underflowing, we have to keep the right
hand side of (5) always greater than zero. We can introduce the concept of effective buffer

size, Besf(i), which we define as the maximum level of buffer occupancy that the encoder
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can reach at time ¢ such that the channel rates are adequate to transport all the bits without

violating the end-to-end delay constraint (i.e., without producing decoder underflow). From

(5) the maximum level of encoder buffer occupancy is Z;’;fﬁd C, thus we have
i+AN,
Bep(i) = > C (6)
j=i+1

and thus we have that the effective buffer size
Beys(i) = AN - C (7)

should be constant.

We summarize this result as follows,

Formulation 2 Rate Constraints for CBR In a CBR channel operating under end-to-
end delay ANy at a rate C, in order to prevent decoder buffer underflow the encoder must
avoid the encoder buffer size exceeding Bosy = ANg - C. It can be shown that if the encoder
buffer does not exceed the mazimum occupancy Begy, then the decoder buffer will not exceed

that mazimum buffer occupancy either [17].

Note that we refer to effective buffer size because, given that there is sufficient memory
available at encoder and decoder, this effective memory is determined by the delay, rather
than by memory considerations. As an example, assume large amounts of memory are
available at encoder and decoder, then the same system could operate with different end-to-

end delays AN, and for each chosen value there would be a different By;.

5.2 VBR with known channel rates

Consider now the VBR transmission case where the channel rates are known. This would
be the case in a VBR transmission under leaky bucket constraints where the encoder will
be able to decide on the channel rate during the frame interval i, C;, as long as it complies

with the leaky bucket constraints. We can then revisit the above formulation and replace

32



the constant rate C' by a variable one C;. The encoder and decoder buffer occupancies are

now

BY() = iRj—icj ©

1 C; =YY R;, when i > AN, )
]_1 C when ¢ < ANj.

where as before the decoder waits AN, frame intervals before starting to decode the video
frames available in its buffer. Again, we can combine the encoder buffer occupancy (8) at

time i and decoder buffer occupancy (9) at time i + AN, we have that:

Bd ) AN _ z+ANC R H—ANC__ % R % 0.
(i + AN) Z Z 2 G- (LR =2 C)
Z+AN
= > Cj—B(i). (10)
j=i+1

so that decoder buffer underflow is prevented if the right hand side of (10) always greater

i+AN C

than zero. And from (10) the maximum level of encoder buffer occupancy is 3707

that the effective buffer size is now,

i+AN

Besp(i) = ) Cj. (11)

J=i+1
The main difference between this and the CBR case is that now the effective buffer size
depends on the frame interval, 7, and is equal to the sum of the future ANy channel rates.
We can guarantee that if the encoder buffer fullness B¢(¢) is always smaller than Besf(i),
then the decoder buffer will not underflow.

Thus in the VBR transmission case we can have the following constraints

Formulation 3 Rate Constraints for VBR In a VBR channel operating under end-to-
end delay Ay at a known rate C(3), in order to prevent decoder buffer underflow the encoder

must prevent the encoder buffer size exceeding Bes(i) = Z;J’fﬁ Cj.

Note that in a “controlled” VBR channel environment the transmitter may be able to

decide the number of bits to use for both source and channel. As shown in [19] this can be
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done in practice and the channel rate selection can be performed so that the rates comply

with some of the constraints (e.g., Leaky bucket) that were mentioned above.

5.3 VBR with unpredictable channel rates

The most important characteristic of Formulation 3 becomes apparent when one consid-
ers the case where rates are not deterministically known. There are, of course, numerous
instances of this scenario, such as a reliable channel with variable delay, where the effec-
tive throughput thus varies over time, an unreliable channel with retransmission [20], or a
congestion-controlled channel.

The key difficulty in dealing with these scenarios is that the encoder has to make decisions
on the source coding, which are based on deterministic knowledge of the source, but somehow
have to take into account the random behavior of the channel. The channel behavior is such
that the data may arrive reliably to the receiver but, due to random delay or to the need for
retransmission, it may arrive at the decoder too late to be decoded in time for display. Thus,
while the encoder cannot control the channel behavior it can use whatever knowledge of the
channel is available in order to avoid decoder buffer underflow.

Formulation 3 provides a simple way to formulate the desired behavior of the system. It
is sufficient to guarantee that

i+ANy
B.(i) < Begs(i)y = > C (12)
j=it1
in order to ensure that the decoder buffer will not underflow. The future channel rates C;;
through Ci;an, are not known at time i. However, in (12) the deterministic part of the
system (the selection of source rates at the encoder) is clearly separated from the random
components (the channel behavior).

If there is no knowledge about the channel very little can be done, other than perhaps
assume worst case behavior. On the other hand if we have an a priori model of the channel
and/or some online observation of its current state then it is possible to attach a likelihood

of achieving a certain channel rate.
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Let us call P;(c) = Pi(c| a priori channel model, channel observation), the probability
(given applicable observations and prior channel model) of the available channel rate being ¢
at time 7. Note that this model could be discrete or continuous, and will depend on specific
channel characteristics. An example of such a model can be found in [20], where a point-
to-point wireless link based on the CDMA IS-95 standard is used. Note also that such a
formulation can also be extended to the case where a random delay, rather than a random
rate, has to be considered. Finally, it should be clear that the overall performance of a
system under such random channel behavior will depend both on the rate control algorithms
to be discussed in the next section and on the accuracy of the channel models.

Given the model P;(c) then we can define two different formulations as follows.

Formulation 4 Expected Rate Constraints Let the system operate with delay ANy and
random channel rate characterized by P;(c). Then the goal is to select the encoding rate so

as to meet the expected rate constraints, i.e., for each i choose the rates such that:
i+AN
B.(i) <E[ Y. Cj] (13)
j=it1
where E[] indicates the expectation with respect to the probabilities P;(c).
It is obvious that the above formulation does not guarantee that the data will be transmit-
ted correctly, but it is simple and it can be easily incorporated into a rate control algorithm
in the form of a table that provides expected values for each possible observed channel state.

Formulation 4 lead us to a more general formulation where we take into account the

likelihood of losses due to decoder buffer underflow.

Formulation 5 Minimizing Loss Probability With the system again operating with de-
lay ANy and random channel rate characterized by P;(c), the goal is to select the encoding

rate so as to meet a certain threshold in the loss probability, i.e., select the Be(i) such that:
i+AN
P(B.(i) > Y C;) < Threshold (14)

j=i+1

where the probability obviously depends on Pj(c).

Examples of these two approaches can be found in [20].
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5.4 Special cases

We now consider two special cases where transmission may fall in one of the categories
considered above (say CBR or VBR) but where additional constraints may have to be taken
into account. Without going into details we just point out that the Formulations provided

before may have to be modified to address these scenarios.

5.4.1 VBR for Stored Video

When pre-encoded video is considered, we can consider two different scenarios, namely, local
playback (e.g., from a DVD player) or networked playback (e.g., video on demand service
to a home). The former case, as discussed earlier, involves a global allocation among the
different scenes in the movie, while the channel constraints do not play much of a role (the
“channel”, i.e., the connection between storage device and decoder, is supposed to have
sufficient bandwidth to accommodate even the highest rate scenes).

In the second, and more interesting, scenario the video sequence will have to be encoded
in such a way as to meet any applicable channel constraints. This will result in different
encoding results depending on whether a CBR or a VBR transmission mode is selected. In
addition to these transmission-related issues, designers also need to take into account the
impact of the storage medium on performance. As an example, consider the case where
data is to be stored on a disk. Typically the disk will be organized into segments that will
constitute the basic storage unit. Thus disk reading hardware is designed to be able to read
one complete disk segment into a buffer and then move on to another segment. There will
be a latency involved in moving from one disk segment to another, and since the disk is
rotating, the latency will depend on the relative position of the two segments. Thus the disk
placement policies will have an impact on performance. For example, if the system incurs
excessive latency in some of its read operations the output buffer may empty and a decoder
buffer underflow may occur.

Examples of studies of data placement on a disk for later playback can be found in

(31, 32, 33, 34]. An example of work that incorporates the disk placement constraints into
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the rate control algorithm can be found in [35].

5.4.2 Video Caching

Proxy caching is playing an increasing role in evolving network infrastructure. However,
while proxy caching of web objects is commonplace [36] and there are several commercially
available proxy caching products, the same is not true of video objects. A few examples of
recent work in this area include [37, 38, 39, 40, 41].

We consider two potential benefits of proxy caching. First, it provides more efficient
sharing of network resources since several users can have access to data stored locally, without
needing to access it directly from the server. In particular, given that the data is available
from a network node close to the user, it is possible to greatly reduce, or even remove, the
initial latency in the video display. Since our system requires the decoder to wait to receive
AN, frames before starting to decode, we are normally constrained by the time it takes to
transport these frames, and this creates an initial latency (users of audio or video over the
Internet will have experienced this). Instead if all these initial frames are available from the
proxy, then the delay will be less than AN, frame intervals. Second, even if users do not
share data, it can be shown (see [39]) that caching allows a more robust delivery of data,
since it is less likely that losses (or excessive delay) will occur in transmitting data from
the cache to the decoder, whereas transfer from the more “distant” (in terms of network
topology) server would be less reliable.

We can roughly divide the approaches uses for video caching into four classes. First it
is possible to store complete video sequences only, thus replicating parts of the content of a
server in the cache. This approach is attractive in its simplicity, and indeed is the one most
widely used nowadays. For example this is achieved by replicating video sequences close to
the end users, so that in effect mirror sites are build that store the relevant video sequences
and from which end users can directly stream sequences of interest. This mirroring has the
disadvantage of not being very scalable given the relatively large sizes of the video data.

Second, it is possible to store only a prefix of the video data, i.e., all the frames that
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the decoder will need to start decoding and for which it would normally wait A7, seconds.
If this prefix is cached as proposed in [38] all the initial latency will be absorbed without
requiring that the whole sequence be stored. A third approach would allow both the prefix
and a set of intermediate frames to be stored as in [37, 39]. This approach provides the same
benefits of prefix caching but also adds the attractive feature of more robust delivery. The
intuition is simple: if intermediate samples are stored, and these can be delivered reliably
to the decoder, then the probability that the decoder buffer will “starve” is clearly reduced.
Finally, it is possible to define caching strategies that rely on a scalable format for the video
stream as in [41]. In this scenario, the cache will store some of the layers of the video stream
so that the server only needs to provide the higher resolution layers, if the cache already
contains the coarse layers. This approach is similar to the “soft caching” approach used
for images in [42, 43] and preserves the video delivery at lower quality in cases where the
network bandwidth is low.

It is not necessary in general to perform the encoding in a special manner because the data
is going to be cached. In fact it may be preferable for the encoder to make no assumptions
about whether the data will be cached. However, the problem of deciding which frames to
cache (or at what resolution) is very similar to the rate control problems we will consider

next, and similar techniques can be used to solve them.

6 Rate Control Algorithms

The previous section has shown how guaranteeing that the decoder always has data to decode
requires the transmitted bitstream to comply with a series of rate constraints. These con-
straints depend on the type of transmission environment considered, including the variability,
or lack of, in the transmitted rate, the end-to-end delay, etc. Thus, after a transmission en-
vironment has been chosen, the video encoder will be responsible for producing a bitstream
that meets the relevant delay constraints. To do so we need a rate control algorithm at the
video encoder, i.e., an algorithm to assign a quantizer to each frame or coding unit, such

that the constraints are met and the video quality is good. Note that such a rate control
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algorithm is needed regardless of the scenario considered (LIV, LNIV or PEV). However in
the PEV case the rate selection has to be done based solely on a priori assumptions on the
channel behavior, while in the other two cases it is possible to take into account current
channel conditions to determine the rate to use at the encoder.

In this section we will provide an overview of rate control techniques that have been
proposed in recent years. It is worth noting that while much of the research in video coding
has been driven by the definition of widely accepted standards (such as H.263, MPEG-2,
etc), these standards do not define the operation of the encoder (in fact this probably has
a lot to do with their success since this approach allows companies to provide optimized
encoders that provide a differentiated product while maintaining standard compatibility).
Thus, rate control, which is performed at the encoder, is not part of the standard, so that
many different rate control techniques can be applied while preserving standard compatibility
at the decoder.

In Section 2 we outlined techniques to estimate rates at which sequences or segments
within a sequence such that degradation is practically imperceptible. While the discussion
focused on off-line encoding (e.g., using a two-pass algorithm) it is conceivable that approxi-
mate on-line techniques could be derived from these approaches. The next step in analyzing
the performance of a system for video delivery over a network is to determine what resources
are required to deliver this perceptually lossless video. The resources we are interested in are
the channel characteristics, including its rate and delay performances, the delay experienced
by the user before video data playback starts and the memory required at the decoder. It is
because these other resources (e.g., the network bandwidth) are not abundant or free that

delivering the sequence at its ideal rate may not be feasible.

6.1 Basic problem formulation

In each of the Formulations discussed in the previous section, we derived a set of constraints
on the rates produced by the video encoder. Note that all of these constraints had the form

of restrictions on the average rate, or the total rate for particular sets of frames. In other
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words, these constraints did not specify the number of bits to be used for individual frames
but rather indicated the overall rate for a set of frames.

Assume that we consider one such constraint, i.e., the total number of bits for a set of
frames has to be less than some prescribed amount. Then the question remains of how to
allocate bits among the frames. The goal in deciding this allocation should be to provide
the maximum overall quality. The issue of quality is, as mentioned early in the chapter, a
difficult one for video. In many cases the selected quality criterion is to minimize the average
distortion over the set of frames, although approaches are also used in practice, such as the
Lexicographic optimization [44] or the Min-Max criterion [45]. These two techniques seek,
in different ways, to minimize the distortion of the worst frame in the set, and thus are
somewhat closer to the known characteristics of the human visual system. Still, due to its
relative simplicity average distortion continues to be widely used and many of the algorithms
described below seek to minimize this metric.

Given that the goal of rate control is to maximize a quality measure while complying
with some rate constraints, a natural way of tackle these problems is to formulate as rate-
distortion (RD) optimization problems. Thus a typical formulation poses a problem of the
sort: Find the bit allocation to the frames such that the overall distortion is minimized and
the applicable rate constraints are met.

The overview we provide next will not try to be exhaustive. Rather, our goal is to provide
examples of rate control algorithms that have been proposed in recent years. Our emphasis
will be on algorithms based on rate-distortion optimization. This class of algorithms is
useful even though their complexity tends to be high. RD algorithms can be used to provide
benchmarks for other approaches. Moreover, one can also use them to derive approximate
algorithms, where, for example, the “true” RD values are replaced by values obtained from
models.

We refer the reader to [14] for an overview of rate distortion optimization techniques
and their application to resource allocation problems in image and video compression. More

detailed examples of the benefits of these techniques in image and video compression can be
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found in [12].

6.2 CBR Algorithms

For many applications of interest Constant Bit Rate (CBR) transmission is used. When
transmitting over a CBR channel, buffers at the encoder and decoder are required to smooth
out the variations in the encoding rates. Buffering data requires extra memory at both
encoder and decoder and introduces additional delay to data transmission. As the encoder
is allowed to produce a more variable rate (more bits for difficult frames, fewer bits for easy
frames, for example) the overall quality will be better. Thus larger buffers, or equivalently,
increased end-to-end delay, will tend to result in higher video quality [17, 18]. Traditionally,
rate control has been studied from the point of view of memory, i.e., rate control was required
to avoid overflowing the available buffers at encoder and decoder. However, as in [17, 19],
we have assumed that sufficient physical memory is available and formulated the problem
from the point of view of end-to-end delay.

Algorithms for rate control under CBR, channel conditions have been studied for years.
The initial emphasis was to derive approaches that would prevent encoder buffer overflow
and in the beginning these algorithms were targeted at live video and were required to be
relatively simple. Early examples include [46, 47], where the emphasis is simplicity. Another
example is the test model 5 [48] algorithm in MPEG-2. In this simple algorithm the rate
controller defines bit rate targets for each of the frame types, and then attempts to keep the
rate within the target by varying the quantization step size. Other examples of rate control
include [49] as well as algorithms targeted for more recent standards, such as MPEG-4
[50, 51].

Rate-distortion based optimization techniques start with the assumption that each coding
unit (e.g., each frame) can be coded with one among a finite number of coding parameters,
and that each of these coding parameters will correspond to a rate and distortion pair.
A typical approach consists then in measuring those RD parameters and then searching

the space of all admissible solution for the one that provides the lowest distortion without
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violating the rate constraints. Early examples of RD optimization algorithms include [18],
[52], which deal with frame level optimization.

One issue that has to be taken into account in typical video coding algorithms is de-
pendency, i.e., the fact that quantizer selections for some frames affect the rate distortion
performance for other frames. This problem was first studied in [15]. Algorithms such as
those in [53] or [16] take into account these dependencies.

Blockwise allocation algorithms are then needed to determine how to distribute the bits
among the blocks in a frame. Approaches based on RD optimization include [54, 55, 56],
while simple techniques such as the test model 5 quantization selection scheme are also useful
if complexity is a concern.

Complexity in RD-optimized rate control algorithms is due to two factors, first the rate-
distortion values at each of the operating points would have to be computed, then the
best among all the available operating points would have to be found. By far the first
complexity term is the most expensive since obtaining the RD data entails compressing then
decompressing the data, and this may have to be done for a large number of operating points.
Thus, several authors have proposed applying the RD optimization after models of the RD
characteristics have been derived. Examples of this approach include [57, 58, 59].

As new standards for compression are defined there are frequently new modes of operation
that were not possible with previous standards and that have to be taken into account by
the rate control algorithm.

As an example, the H.263 standard allows a variable number of frames per second to be
used. An example of rate control using a variable number of frames can be found in [60, 61].
There are two main difficulties in making a decision about the “ideal” frame rate for a given
scene. First consider rate. For a given rate target it may be that lowering the frame rate
to lower the coding rate (fewer frames to be coded) becomes counterproductive since the
energy in the residue frames increases as the frame rate decreased (since frames are further
apart there is less temporal redundancy). Thus there is likely to be, for a given coding rate,

an optimal frame rate, in the sense of the quality of the reconstructed sequence including
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error possibly the effect of frame interpolation. Second consider the issue of perceptual
quality. Even if the sequence being considered does not have a very high level of motion
reducing the frame rate will come at a cost of significant perceptual quality degradation, since
the decoded sequence may appear to have “jerky” motion. This jerkiness can be removed
to some extent by using frame interpolation techniques, in particular motion compensated
frame interpolation techniques such as those found in [62].

The new MPEG-4 standard raises other interesting questions, such as methods to op-
timize the coding of contour information in video objects [63], where again non-standard
distortion measures need to be used. Once the objects have been defined it is necessary
to decide how to allocate bits among the various objects [64]. These new areas present

significant challenges and are still the object of very active research.

6.3 VBR Algorithms

We will consider two different VBR transmission environments. First, in this section, we
will consider situations where the encoder has the freedom to choose the transmission rate
and it is assumed that the network will permit transmission at this rate, perhaps under the
restriction that some channel rate constraints are met. The following section will analyze
the case where the channel rates are random and will consider the benefits of performing
rate control to increase robustness.

While VBR transmission has been said to produce better quality than CBR, it is often
difficult to quantify the gains, as there are many parameters involved in the comparison
(e.g., rate, delay, etc.). While the benefits of VBR transmission have often been touted,
comparisons have sometimes ignored some of the factors. For example, as discussed in [24],
while VBR transmission has been said to provide benefits in lower delay, higher video quality,
and increased network utilization (statistical multiplexing gain), it is unclear that all these
benefits can be achieved simultaneously. There is evidence of the potential benefits of VBR
video transmission terms of perceptual quality [65], although it is difficult to quantify the

exact increase in performance.
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One particularly interesting and realistic scenario is that where the variable channel rates
are subject to constraints, such as for example the Leaky bucket [25, 26]. In this scenario, the
encoder, while able to select the channel rates, will have to ensure that these are within the
pre-specified constraints. As shown by [17], and derived in a previous section, each selection
of channel rates leads to different constraints for the encoder. Recent work [19, 66] has
derived algorithms to optimally select the source and channel rates. For algorithms such as
the Leaky Bucket, which tends to monitor the long term average transmission rate and keep
it close to a given value, it can be shown [19] that the main benefit of VBR transmission
is to achieve the same quality as a CBR scheme with the same long term average rate,
but with a reduced end-to-end delay. Intuitively, in CBR transmission quality increases as
the end-to-end delay increases, while in VBR transmission it is possible to reap the same
benefit by having the rate of several frames averaged in the network, rather than in the
encoder/decoder buffers.

It is worth pointing out that once rate control has been performed, as in [19], there will
be many choices of channel rate that will (i) meet the desired channel rate constraints, and
(ii) accommodate the optimal video quality. Thus interesting issues arise where one can
explore channel rate selections that have good properties in terms of smoothness or other
network based criteria. As in [67], one can assume that the source has been coded and then
find the transmission rate that accommodate transmission within the delay constraints while

meeting applicable rate smoothness constraints.

6.4 Real-time adaptation to channel conditions

The second VBR scenario of interest is that where the rate is random. As shown in [20],
and outlined above, it is possible to use available channel information (assuming that there
is a back channel) to modify the encoder’s behavior. The main intuition is that the encoder
should lower the rate per frame once it becomes clear that the channel bandwidth is lower.
While [20] provides RD optimized solutions to Formulations 4 and 5 it is also possible to

derive simpler solutions.
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Clearly the success of these approaches will depend on the existence of a feedback channel,
as will be seen in Section 7, but also on the application and the type of channel considered.
Rate control at the encoder will only be effective if it is possible for the encoder to react to
the channel changes. Thus, these techniques will be effective if (i) the channel memory is
sufficiently long (e.g., when the channel remains in a given state for times that are of the
order of magnitude of a few frame intervals), (ii) the end-to-end delay is longer or of the
same order of magnitude as the channel memory, and (iii) the channel feedback delay is not

too long.

6.5 Layered/scalable video

The foregoing discussions have assumed that rate control involves selecting coding parame-
ters at the video encoder on a frame-by-frame or block-by-block basis. However it is worth
mentioning that there is one situation where rate control is particularly easy, namely, when
the bitstream has already been organized in layers, using a scalable or multiresolution en-
coding algorithm. This solution is attractive in its simplicity since it allows the transmitter,
or an intermediate node in the network, to decide the number of layers to send given the
current channel conditions. The basic idea is that the video encoder produces a base layer,
which gives a coarse (relatively low quality) approximation to input sequence, and then a
series of enhancement layers that successively can be used to improve the quality.

While scalable video coding has been proposed by numerous authors, and has been
incoporated in the MPEG-2 standard, its widespread application has been hampered by a
real or perceived reduction in performance as compared to non-scalable algorithms. This
lower performance can be measured in terms of higher complexity and lower quality at the
same rate as compared to a single layer algorithm. In the MPEG-2 context there are three
modes of scalability, namely temporal, spatial and SNR. Temporal and spatial scalability
provide low resolution coded streams that represent the input data with an approximation
comprised of fewer frames or smaller size frames, respectively. For the purpose of rate

control as discussed in this chapter, the SNR scalability mode (each layer represents a coarse
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version of the input) seems to be better suited. It is worth mentioning that a coarse of
multiresolutions coding, the so-called data partitioning approach [68], can be used for rate
control.

For all its simplicity few real applications of scalable video in a communications context
have been reported. One of the few examples of application of these techniques to Internet
video is the proposed layered multicast approach [69], where the end clients can subscribe

the number of layers (and thus overall resolution) that their bandwidth can support.

7 Conclusions: transmission issues for VBR video

To conclude this chapter we summarize the key ideas and comment on some of the issues
that still remain to be addressed before true VBR video networking becomes reality. We
have shown that VBR coding is the natural form of representation for video, and thus it
would be desirable to transmit video end-to-end in such a way as to allow the “ideal” VBR
representation of the data. We have shown that, due to real time nature of the video decoding
and display, transmission has to follow certain rules so as to guarantee that transmitted data
will arrive in time to be decoded, i.e., without producing decoder buffer underflow. We also
made the case that the actual constraints in fact depend on the channel conditions.

There are already numerous systems in operation that allow transmission of video over
constant rate channels. These require that the video coding parameters be adjusted so that
the long term average transmitted rate remains constant, thus resulting in some quality
degradation with respect to a purely VBR coding and transmission mode. Other environ-
ments, such as the Internet, can support variable rate transmission but provide no QoS
guarantees on the rate provided.

It is likely that near term efforts in networked video transmission, and in related video
compression issues, will focus on the two extreme cases of VBR transmission, namely (i) VBR
transmission over channels with QoS guarantees, and (ii) transmission over lossy channels.
Both environments have in common the fact that they present significant challenges for both

compression and transmission.
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In the case of VBR transmission with QoS guarantees, establishing conditions that will
assure these guarantees is still a subject of research. Even the notion of QoS is itself some-
what misleading in that the end user of a video transmission will really care about the
decoded video quality, rather than about those parameters (losses, delay jitter, etc) that
are usually taken to measure the transmission quality. One question of interest that has
only partially been addressed to date, includes the definition of algorithms to map levels of
desired decoded video quality into combinations of networking parameters. For example, the
video application may have to determine what combination of network services is needed to
provide, say, broadcast quality at the receiver. As shown in this chapter, the video encoder
is best placed to make decision about what coding information is most important and so
it is the video encoder that can best handle the trade-offs, given any applicable network
constraints. Thus, a promising direction will be in defining simple interfaces between the
video server and the network that abstract the details of the operation of one from the other.
The examples we discussed with a video coder optimizing its quality to match a given Leaky
Bucket constraint constitutes a simple instance of this approach.

The second area where significant progress is needed, but where the potential benefits are
substantial, is accessing video over a wireless link. In this case the video encoder will have to
be robust to potential data losses and also be able to accommodate changes in bitrate. Here
again one of the possible solutions is to introduce feedback about the state of the channel,

so that the encoder can adjust its behavior depending on channel conditions.
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