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Packet Video and Its Integration into the Network
Architecture

GUNNAR KARLSSON STUDENT MEMBER, IEEE, AND MARTIN VETTERLI, MEMBER, IEEE

Abstract—Packet video is investigated from a systems point of view.
The most important issues to its transmission are identified and studied
in the context of a layered network architecture model. This leads to a
better understanding of the interactions between network and signal
handling. The functions at a particular layer can thereby be made least
dependent on network implementation and signal format. In the model,
the higher layers provide format conversion, hierarchical source cod-
ing, error recovery, resynchronization, cost/quality arbitration, ses-
sion setup and tear-down, packetization, and multiplexing. Provisions
from the network layers pertain mainly to real-time transmission. Spe-
cial consideration is given to hierarchical seurce coding, error recov-
ery, statistical behavior, and timing aspects. Simulation results are
presented for a subband coding system.

I. INTRODUCTION

ODAY’S fiber technology offers a transmission ca-

pacity that can easily handle high bit rates like those
required for video transmission. This can lead to the de-
velopment of networks which truly integrate all types of
information services. By basing 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 the opposite is not possible), and vastly dif-
ferent bit rates can be multiplexed together. Also, the net-
work’s statistical multiplexing of variable rate sources
may also yield a higher utilization of the channel capacity
than what is obtainable with fixed capacity allocation.
Most of these arguments have been brought forth and ver-
ified in a number of projects like MAGNET at Columbia
University [1], [2], Prelude at CNET [3], [4], and PARIS
at IBM [5]. Video coding for packet transmission has been
considered by a number of authors [6]-[11]. Other issues
of importance for packet video include error recovery
[12], {71, [13], [9]1, [11], video resynchronization [14],
[6], [11], and statistical analysis and modeling of the vari-
able bit rate of coded video [15]-[19], [11]. The abstracts
of the recent workshop on packet video give a good over-
view of new results in the field [20].
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The amount of information in a video signal depends
on the activity in the captured scene. When compressed,
the resulting bit rate may be highly varying, which is re-
ferred to as variable bit rate coding. Most compression
methods produce a variable output rate. Only when a fixed
output rate is enforced, as with circuit-switched transmis-
sion, is the compression varied in order to keep the trans-
mitted rate within the prescribed limit of the channel.
Since this is done regardless of the information content in
the signal, the quality of the received signal may vary
with the compression. (Generally, the effect is reduced by
appropriate buffering.) In contrast, statistical multiplex-
ing in packet networks allows the transmission rate to vary
in order to reflect the information contents of the signal.
It is consequently expected that the receiver will perceive
a constant video quality. Throughout the paper, we will
assume that variable rate coding is being used.

In the case of variable-rate transmission of real-time in-
formation, we can no longer assume the separation of
source, channel, and receiver as a valid paradigm. The
transmitter of a compressed video signal will require var-
ious amounts of capacity over time and the packet net-
work provides a channel whose capacity changes depend-
ing on the total load of the network. The receiver, in turn,
has to function together with the channel where packets
are lost or delayed. Hence, there are strong dependencies
between the entities involved, which require considera-
tion of the global system. A structured way of considering
the entire system of packet video is to place the required
functions in their proper context, a network architecture
model, so that the interactions between functions can be
determined [21], [2]. This model may also help to design
a system which minimizes a function’s dependency on the
format of the video signal. The model is illustrated in Fig.
1. By using the Open Systems Interconnection model [22]
of the International Standards Organization as the starting
point for discussion, we are provided with an adequate
terminology that is not contingent upon any specific net-
work implementation. Note that the OSI model was not
designed to support real-time transmission. The network
architecture model will be considered mainly from a video
processing point of view. The control flows will not be
covered.

The paper is organized as follows. First some signal
processing issues of packet video coding and transmission
are analyzed in more detail. These are hierarchical source
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Fig. 1. The major functions of the higher layers of the packet video net-
work architecture model. Note that the arrows indicate signal flows.

coding, error recovery, and the statistical behavior of
variable-rate coded video signals. In Section III, video
transmission considerations are covered pertaining to the
lower layers of the model. Section IV presents the video-
related functions fitted into the higher layers. Transmis-
sion delays and resynchronization of the video are dis-
cussed in Section V. Section VI presents simulation re-
sults of a packet video scheme based on subband coding
with error recovery, indicating practical solutions to some
of the issues raised throughout the paper.

II. SIGNAL PROCESSING ISSUES OF PACKET VIDEO

A number of issues in packet video call for signal pro-
cessing solutions. These issues include source coding and
error recovery. This section describes them in more de-
tail. (They are related to the network architecture model
in Section IV.) Also in this section, the statistical behav-
ior of a compressed video signal is discussed. The prop-
erties of the varying capacity requirement matter for the
network design, while semantics and syntax of the video
signal are irrelevant.

A. Hierarchical Source Coding

Hierarchical coding, known also as layered coding or
embedded coding, is a technique first developed for packet
voice transmission [23], wherein a signal is separated into

subsignals of various importance to be coded and trans-
mitted separately. This general technique, illustrated in
Fig. 2, may be advantageously extended to video coding
and transmission as well [7], [11]. In this way, the coding
of a subsignal can be tailored to the information it carries
and the subsignal can be transmitted with a priority re-
flecting its importance. Network congestion, where buffer
overflow leads to packet discard, will affect mainly the
subsignals of low importance. Thus, hierarchical coding
offers a way of achieving error control by preventing loss
of perceptually important information. Yet another reason
is the possibility of cost/quality tuning for a session [7],
[9]. This refers to the fact that high video quality can be
traded for reduced transmission cost. A potential problem
with hierarchical coding appears if some of the com-
pressed subsignals yield low output rates; the packetiza-
tion delay may become intolerable for fixed-length pack-
ets. The solution would be to multiplex low bit-rate
subsignals, or, alternatively, to stuff them with dummy
information to artificially raise the rate.

In our definition of functionality, the process of sepa-
rating (and recombining) the input signal does not include
the compression of the resulting subsignals. The signal
separation ought to be such that the total amount of data
bits in the subsignals equals the amount of bits in the in-
put. Moreover, it is desirable to require the signal sepa-
ration and recombination to be lossless. This way the in-
formation loss is limited to the compression and
transmission, which partly can be controlled through
compression level and transmission priorities. Given these
constraints, there exist several feasible ways of separating
a signal into subsignals. The better methods are those
which also lead to improved overall compression. Alter-
natives include bit-plane separation [23], subband analy-
sis/synthesis [24], and unitary transforms [25].

Bit-plane separation means that the most important in-
formation consists of the most significant bits of the im-
age, and, progressively down through the bit layers, the
least important subsignal is composed of the least signif-
icant bits. This separation has the peculiarity that the most
important subsignal would yield the highest compression,
while the least important one, which contains virtually no
correlation, may only be compressed to a slight degree.
This is the reverse of the other methods. We have found
subband analysis to be an attractive way of decomposing
a signal for coding and transmission [7]-[9] since the sub-
bands have a natural hierarchy. The use of subband cod-
ing as hierarchical coding will be presented in Section VI.
For unitary block transforms, common block sizes lead to
64 and 256 channels, respectively, a prohibitively large
number for independent transmission which would thus
require some multiplexing. Since a transform is applied
on subblocks of the image, all transform coefficients with
the same index could be gathered from the subblocks to
form a subsignal (commonly known as Mandala reorder-
ing). Zonal encoding may thereby eliminate entire sub-
signals by not allocating any bits to them.
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Fig. 2. A hierarchical coding system. The signal is separated into subsig-
nals of various importance which may be coded and transmitted inde-
pendently of one another. When received and decoded, the subsignals
are recombined to form the output signal.

B. Error Recovery

Along with the advantages of packet transmission, such
as services integration and variable bit rate transmission,
inevitably comes the problem of lost packets. Packet loss
is caused by bit errors in the packet’s address field, lead-
ing the packet astray in the network, and network conges-
tion, leading to discard of packets due to filled buffers.
Statistical properties differ for the two causes: bit-error
can realistically be modeled as an uncorrelated process
which results from noise in the transmission channel [22].
Packet loss due to network congestion is not so straight-
forward; it depends on the transmission rate in relation to
the total network capacity, as well as the resource allo-
cation and the sizes of the network buffers. A thorough
analysis of the topic in the case of packet voice can be
found in [26].

There are mainly two approaches to error recovery:
first, the use of error control codes, and second, error con-
cealment by use of visual redundancy. The former offers
perfect recovery from error until the number of errors ex-
ceeds the limit of the used code. In contrast, the latter
method never gives perfect recovery but it can be engi-
neered to be nearly imperceptible. Its advantage, how-
ever, is that it works, although with decreasing effective-
ness, regardless of the number of errors experienced
during transmission. It is worth noting that while com-
plete and correct delivery are the foremost constraints on
data transmission, video as well as voice signals can tol-
erate some information loss (which of course is exploited
already at the compression stage).

1) Error Control Coding: If error control coding is ap-
plied along the bit stream of a signal, a lost packet means
that a burst of hundreds of bits has to be corrected; a for-
midable task which would require codes of unreasonable
lengths. Fig. 3 depicts a better solution. Here the signal
is put into packets after which the error control coding is
performed across the information field of the packets (i.e.,
bit interleaving) [12]. The error control codes used can be
block codes or convolutional codes [27]. In both cases,
the codes should preferably be systematic since it speeds
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Fig. 3. Error correction encoding should be applied perpendicular to the
segmented bit stream to achieve bit interleaving. The figure illustrates
the case when a systematic block code is used.

up the decoding: if no error is present, the information
packets remain unaltered.

For an (n, k) block code, the number of packets that
need to be stored is equal to the number of information
bits of the code, k. Since all k& packets must be created
before the encoding can take place, the coding introduces
a periodically varying delay. This can be avoided when
the code is systematic by using copies of the information-
bearing packets in the calculation of the parity symbols.
Note that the same delays are incurred at the decoder,
where they cannot be avoided. The minimum distance that
the code should provide is governed by the network’s
probability of packet loss and the correlation of such loss.
In most packet-switched networks, there is no absolute
bound on the packet loss, whereby the number of lost
packets can exceeded what the code can correct. Conse-
quently, some other correction, such as the one presented
next, needs to be invoked to avoid breakdown of the video
session.

2) Error Concealment by Use of Visual Redun-
dancy: Error concealment by use of visual redundancy
takes place after the source decoding but before the signal
recombination of the hierarchical source coding system
(see Fig. 2). The general requirements for this method are
that the error propagation is limited and that the locations
of the lost values are known, i.e., they can be treated as
erasures [7], [9]. The way these two properties can be
obtained will depend on the source coding method used
for the subsignals. Generally, recursive coding methods
(e.g., DPCM) are less suitable for this type of error re-
covery than FIR-based methods, such as transform and
subband coding. This is due to the strong linkage created
between samples in the compressed signal. Section IV-B
presents how the erasure property may be obtained.

An erased area of an image may be approximately con-
cealed by spatial and temporal interpolation, or statistical
image reconstruction methods. However, the latter are
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usually too computationally complex to be performed at
video rate. Whether information in the surrounding areas,
and previous and following video frames should be used
in the interpolation depends on the signal separation
method used in the hierarchical coding. Regardless of the
success of the concealment, in a perceptual sense, the
limited error propagation guarantees that the session never
needs to be terminated for any amount of lost packets. An
encouraging performance of error concealment by use of
visual redundancy is indicated by simulation results in
Section VI-B.

C. Statistical Behavior of Video Signals

The previously discussed issue shows how stochastic
- properties of the network, i.e., packet loss and variable
delays, influence the development of the signal process-
ing functions. Similarly, knowledge of the statistical be-
havior of variable rate coded video will be necessary for
proper network design. This relationship is illustrated in
Fig. 4, which also reinforces the argument about depen-
dencies between source, channel, and receiver, as men-
tioned in the Introduction. However, variable rate coded
video signals are problematic to describe since they are
highly varying, with a bursty behavior. The bursts cor-
respond to activity in the captured scene and they may
therefore last several seconds. Consequently, the varying
rate cannot be sufficiently smoothed out through buffering
since it would introduce unacceptable delays. However,
when the rates of all video sessions are summed in the
channel, the total rate exhibits less burstiness as a result
of the statistical multiplexing that takes place (assuming
independent sources) [15]-[19], [11]. As the number of
sources increases, the ratio of the standard deviation to
the mean of the summed rate goes towards zero. Hence,
statistical multiplexing may yield a higher channel utili-
zation than what is possible in circuit switching.

Voice signals have been successfully modeled by a two-
state (voice/silence) Markov chain. For video there is no
direct analog such as motion/no motion. However, there
has been a model derived from the voice model, in which
the total output rate from N video sources is taken as the
aggregate rate from several ( >> N) independent on-off
sources [18]. Thus, the rate variations are modeled as dis-
crete steps, where each step corresponds to the output
from an on-off source, and where only one such source
may change state at a time (i.e., a birth-death process).
While the model does not capture features of the video
rate of a single source, such as its burstiness, the model
may serve well for statistically multiplexed sources.

III. THE LowER LAYERS OF THE NETWORK
ARCHITECTURE MODEL

The previous section described some signal processing
issues of packet video. Their corresponding functions will
be part of the higher layers of the network model. First,
however, the lower network layers need to be briefly dis-
cussed. These layers comprise the physical link layer, the
data link control layer, and the network layer (see Fig. 1).

SIGNAL PROCESSING \ PACKET TRANSMISSION

allocation

Variable bit rate

Packet loss
Variable delays

Error recovery
Resynchronization

Fig. 4. The interactions between signal processing and transmission. The
behavior of variable rate coded video will affect decisions on resource
allocation. That, in turn, will influence the network’s behavior in terms
of packet loss and delay variations, which has to be remedied at the
receiver by error recovery and resynchronization.

They form a network node, as opposed to the higher lay-
ers which typically reside in equipment on the customer’s
premises. If the division of functionalities between the

‘layers is kept as suggested in this paper, then all of the

lower layers may be designed without consideration of the
signal type. The only requirement is that the layers have
to support real-time services; it is irrelevant whether it is
video or voice (except in need for capacity). Generally,
this requires the lower layers to be as simple as possible
without any processing of the information; any sophisti-
cated signal handling is better performed at the higher lay-
ers where the signal’s format and importance are known.
Thus, the network may be described as a real-time, asyn-
chronous ‘‘packet pipe,”’ where packets inserted at one
end come out orderly at the other end, although some will
contain errors and others might have been lost.

The requirements for the physical link are adequate ca-
pacity and low bit-error rate. It is, however, difficult to
quantify these parameters—in general, they are deter-
mined by the physical limits of the state-of-the-art tech-
nology. To give a sense of the needs involved in a general
network carrying video, consider transmitting 30 chan-
nels with broadcast video quality at 45 Mbits/s. This
would require a link with a capacity in excess of 1.35
Gbits/s. An average of no more than one bit error per
video frame for each of these sessions (i.e., 900 errors
per second) would correspond to a bit-error probability of
less than 7 X 1077 for the 1.35 Gbit/s link.

Most of the tasks commonly associated with data link
control for data transmission are incompatible with real-
time services. For example, automatic repeat request is
unsuitable as an error handling technique for real-time
transmission. Even though the propagation and process-
ing delays may be short, retransmission will introduce de-
lay variations which are to be avoided. In short, there will
foreseeably be no processing of data-link frames that con-
tain real-time information. Therefore, data-link control is
reduced to deal only with link-management issues.

The network layer provides end-to-end communication
and shields the transport layer above from any physical
aspects of the transfer medium [22]. The functions asso-
ciated with the network layer during a data transfer phase
include: routing (switching), congestion control, and
packet duplication for broad- and multicast sessions. The
necessity to keep end-to-end delays and packet delay jitter
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under control requires video transmission to be conducted
over a fixed route, a virtual circuit, which also guarantees
that packets are delivered in order. The logical channel
number should be protected in order to avoid packet loss,
or worse, intrusion (delivery of unwanted packets) due to
bit error in the address field. Since the delivery of video
packets cannot be warranted by retransmission, the net-
work layer should, through the use of congestion control,
maximize the probability of successful and timely deliv-
ery. In order to perform such a control in a sensible man-
ner, the layer should provide transmission priorities.
Priorities may not be necessary if capacity reservations
are available. Lowered transmission quality due to
congestion can thereby be avoided by allocating generous
amounts of capacity to important signals.

In summary, the network layers should act as a real-

time ‘‘packet pipe’’ where order is maintained. However,

some of the delivered packets may contain bit errors while
others have been lost. To minimize the loss of important
data, the network layer ought to provide priority classes.
Finally, for multiparty sessions, addressing has to allow
multiple destinations and the network nodes must provide
packet duplication.

IV. THE HIGHER LAYERS OF THE NETWORK
ARCHITECTURE MODEL

The higher layers are the transport, session, presenta-
tion, and application layers (see Fig. 1). In these layers,
we place functions for which specific video issues come
into consideration. As seen in the previous section, the
lower layers are not video specific, but rather they provide
general real-time service which could serve voice as well
as video. Each of these layers would shield the layer above
from some of the physical structure of the link, so that at
the network layer the notion of a virtual network is cre-
ated whose physical implementation is irrelevant. There
is a duality between this and the way we would like to see
the video-specific, higher layers: an upper layer has to
shield its service provider from some of the peculiarities
of the format of the video signal. The higher layers will
therefore be presented top-down to illustrate how the for-
mat dependence is incrementally reduced.

While the lower layers are resident in the network
nodes, the upper four are at the customer’s premises. In
that sense, a packet video coder is seen as being the set
of functions associated with the upper four layers. With a
network that provides real-time transmission, the user’s
choice of video format, compression method, and encryp-
tion can be made independently of the network. Hence,
the network does not restrict the introduction of new sig-
nal formats or more advanced compression methods.

A. The Application Layer

The application layer forms the boundary between the
user and the network. For the signal, it provides analog
inputs and outputs which adhere to the standard of the
user’s choice and the analog-to-digital and digital-to-an-
alog conversions. This layer is thus dependent on both the

Fig. 5. Cross-compatibility between video formats: (a) direct format to
format conversion, and (b) the use of a limited set of intermediate for-
mats.

analog and digital video formats. To possibly obtain com-
patibility between different analog video formats, and to
limit the variety of digital formats [see Fig. 5(a)], a highly
reduced set of digital video formats could be used, as
shown in Fig. 5(b). The allowed set of formats has to be
such that any possible analog video format can be ob-
tained from its members.

B. The Presentation Layer

The presentation layer holds functions which perform
some type of signal conversion. Both the signal separation
and the compression of hierarchical source coding would
be performed within the context of the presentation layer.
The other functions include ciphering, error concealment
by use of visual redundancy, and video resynchroniza-
tion. Resynchronization will be covered separately in
Section V. Owing to the reduced number of digital video
formats stemming from the application layer, presentation
layer implementations can be restricted to one class (or
standard) for each format.

Error concealment performed by utilizing visual redun-
dancy, as explained in Section II-B2, relies entirely on
the assumption that error propagation is limited and that
the locations of lost data are known. However, one cannot
expect lost data to be aligned to particular points in a video
frame, such as the beginning of a scan line; nor can the
number of erased values be deduced. The information
about the ideal splitting points of the bit stream is local to
the presentation layer where the video format is known,
while the packet length is known only at the transport
layer. Consequently, limited error propagation has to be
achieved locally at the presentation layer by adding con-
trol information to the bit stream. A feasible way of doing
this is to insert synchronization flags after every ith sam-
ple in a subsignal [13]. The distance between flags should
be chosen so that the values may be concealed reasonably
well if lost, while adding little overhead. The flags have
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Fig. 6. Two cases of lost data: (a) one or more flags are missing, and (b)
no flags are missing but intermediate data values have nevertheless been

lost.

to consist of a unique identifier followed by a sequence
number to indicate location and, in case of error, the num-
ber of erased segments. The flag’s uniqueness has to be
guaranteed by bit stuffing or reserved codewords. The lat-
ter appears advantageous if variable length codewords are
being used: the flags are inserted before the variable length
coding and they are transformed, as any other value, into
their reserved codeword. One lost flag would imply that
two data segments have been erased at least partly, as in
Fig. 6(a), while the case shown in Fig. 6(b) would be
detected since the segment would not yield i samples. All
correctly received segments of a video frame would be
decoded before the concealment is made, which in turn is
done before the signal recombination.

C. The Session Layer

The session layer is mainly responsible for session setup
and tear-down. Additionally, in our model, the session
layer implements the functions which would be invoked
only a limited number of times over an entire session.
These functions are in contrast to continuously invoked
functions, such as the compression. The session layer
should provide not only different types of sessions, but
also flexibility in the quality of the sessions. The func-
tions of the session layer are completely freed from the
format of the video signal. The layer receives a set of
subsignals belonging to a single session and, owing to the
format independence, some of these may carry sound in-
formation. Hence, it is here, at the session layer, that a
complete session of integrated real-time services is cre-
ated. '

1) Session Types: One can foresee several types of
video sessions, which can be end-to-end negotiated or lo-
cally negotiated. The former can be the common point-
to-point session, but also multicast and multidrop ses-
sions. We define a multicast session as a one-to-many
communication where transmission to each receiver has
been negotiated, and all destinations are explicitly ad-
dressed during the data transfer phase. Multidrop is anal-
ogous, except the communication is from many to one. A
conference session would typically consist of multicast
outgoing transmission and multidrop return. Both these
sessions could be setup and torn-down together and all
session management could apply to them equally. Only

one type of locally negotiated session is conceived,
namely broadcast. It is considered to be based on per-
manent virtual circuits. The session setup is thus negoti-
ated only with the local network node. To receive a
broadcast channel, the associated virtual circuit is tapped
at the node. (For more details see [28].) Multidrop is sim-
ilar to broadcast in that the receiver chooses, at any point
in time, which virtual circuit to tap by switching between
the incoming circuits at the local node.

2) Session Quality: The session quality depends on two
parts: source coding and transmission. In conjunction with
hierarchical coding, a desirable quality and output bit rate
may be achieved through transmission of an appropriate
set of subsignals. The greater the number of subsignals,
the higher the quality and the output rate. If the coding
method can provide more than one compression mode, a
greater flexibility in the cost/quality tradeoff may be ob-
tained by changing compression of the subsignals. For
transmission, at issue is the degree to which the session
may be affected by network congestion. This is contingent
upon the resource sharing policy used by the network
management. A prodigal resource allocation may be
likened to a circuit-switched system while a parsimonious
one will yield a higher capacity utilization, but also more
delay and packet loss. For a given resource allocation pol-
icy a more consistent quality is obtained if a higher num-
ber of the transmitted subsignals is given high transmis-
sion priority, rather than only the most important one. The
transmission quality may be raised further by requesting
the transport layer to perform error control encoding on a
desired set of subsignals. So, the lossless session quality
is set through the number of transmitted subsignals, and
the allowed deterioration under network congestion is de-
cided through the use of the transmission priorities and
error control coding.

It is our opinion that packet video, compressed with
hierarchical coding, would be advantageously transmitted
as a hybrid of synchronous and asynchronous time divi-
sion [28]. The hierarchy’s most important subsignal would
be transmitted with a fixed reservation of network re-
sources, while the less significant subsignals would have
to vie for their share of capacity. This hybrid of allocation
policies reduces the stress on the error recovery mecha-
nisms while it still yields higher channel utilization than
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does pure synchronous time division. The feasibility of
such a scheme is discussed in conjunction with the sim-
ulation results given in Section VI-B1.

D. The Transport Layer

Functions associated with the transport layer are the
segmentation of a data stream into packets, the reassem-
bly of the stream at the receiver, and error control coding.
Since the network service is restricted to virtual circuits,
all packets are guaranteed an orderly delivery and reor-
dering is therefore not of concern. The transport layer
serves all subsignals emanating from the hierarchical cod-
ing at the presentation layer and other associated signals,
such as sound, which have been added to the session at
the session layer. Each such signal would be indepen-
dently segmented, but the packetized signals would be
multiplexed onto the same route at the network layer.
Sound and video information will thereby follow a single
path so that the delay difference between the two is min-
imized. Note that the segmentation process does not have
information about the video format (such as beginning of
frame or scan line); the bit stream may therefore be cut at
any point.

For error recovery relying on error correcting codes,
the amount of data received has to equal the amount trans-
mitted, or it would place the error correcting encoder and
decoder out of phase. Consequently, the transport layer
at the destination node has to detect lost packets and re-
place them with dummy packets so that synchronization
can be maintained. Since orderly delivery is guaranteed,
end-to-end sequence numbers may suffice for this pur-
pose; a detected gap in the sequence indicates the loss of
one or more packets. The necessary range of the sequence
numbers has to be determined in relation to the channel
code used, so that all gap lengths can be detected which
can be corrected by the code. Note that packet intrusion
would cause a similar problem by increasing the number
of packets received. However, we require the network
layer to protect the address field of the packet so that in-
trusion cannot occur (see Section III). Delays introduced
by the channel coding depend on the code length n and
the packet size: long packets and codewords give longer
delays but less overhead. However, this tradeoff can be
resolved without affecting the functions in the layers
above, which are independent of packet format. Conse-
quently, the choice between the use of variable or fixed
length packets can be made locally as well. While fixed
length packets simplify segmentation and packet handling
along the transmission path, variable lengths of the pack-
ets could be used to keep the packetization delay constant.

Note that end-to-end retransmission is not a possible
error recovery method. First, multicast and broadcast ses-
sions would not be feasible if a retransmission scheme
was in effect. Consider that different packets may be lost
on the various paths of transmission which can result in
unreasonable requests for retransmission, proportional to

Packet
departure
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Propagation
de]apyg '

Jittef
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times

after
buffering
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Fig. 7. The delays in a packet-switched network are composed of a fixed
part due to the propagation delay, and a variable (jitter) part which is
due to waiting time in buffers.

the number of recipients. Second, there is a risk of pos-
itive feedback: assume a congested network where all
video providers experience packet loss. The strict delay
constraint would bar random waiting times before retrans-
mission. So if all providers rely on retransmission for er-
ror recovery, the congestion could be aggravated and
might lead to more severe performance degradation [7],

[9].

V. RESYNCHRONIZATION OF VIDEO

The timing problems of packet video are twofold. First,
there are variations in transmission delays, referred to as
packet delay jitter. Analogous to packet loss, these vari-
ations are an inherent problem with packet transmission.
Packet delay jitter can be removed by buffering the pack-
ets at the receiver, whereby the delay becomes fixed and
equal to the maximal value. This is illustrated in Fig. 7.
Transmission delays are irrelevant for one-way sessions,
such as broadcast TV. For video conversations (video and
voice), in contrast, end-to-end delays are of foremost im-
portance, since long delays impede information ex-
change. Increased packet loss is therefore accepted in or-
der to achieve reduced delays. Video, as an information
carrier, is subordinate to sound, and the video delay has
to be bound only to provide lip-synchronization. Lip-syn-
chronization error appears to be unobjectionable for video-
to-voice lags in the range of —90 to +120 ms [29].

Second, the absence of a common time reference for
the encoder and the decoder adds further complications to
the reconstruction of a synchronous video signal. Accord-
ing to its clock, the decoder might thus expect data at a
higher or lower rate than is being transmitted. Fig. 8
shows the various cases: (a) the clock frequencies are
equal, (b) the receiver clock is fast compared to the trans-
mitter clock, and (c) the receiver clock is slow relative to
the one at the transmitter. Commonly, the transmission
clock frequency is deduced from the arriving packets [14],
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Fig. 8. In (a) the clocks have equal frequencies, and only the packets which
are unduly delayed by the network are considered lost (marked by x). In
(b) the receiver clock is fast compared to the sender, thus more packets
are considered lost. If the receiver clock is slow, as in (c), too much time
is allowed for arriving packets.

{6], [11]. This can be done by monitoring the level of the
input buffer [14], or by synchronizing the receiver clock
to time information in the packets (by use of a phase-
locked loop) [6], [11]. Both methods are, however, com-
plicated by packet delay jitter and, if used, variable rate
coding. There are also cases when the receiver clock can-
not adapt to the received data rate. For example, when
video is received from more than one sender (as with mul-
tidrop in Section IV-C1), only one of the signals can be
used for clock adjuStment. So, the frame rates of the other
received video signals have to be aitered to match the play-
out rate. This could be performed by occasionally repeat-
ing or skipping frames, possible in combination with mo-
tion-compensated temporal filtering. (For more details see

[28].)

VI. RESULTS FROM A PACKET VIDEO SIMULATION

In this section, results are presented pertaining to hi-
erarchical source coding with error recovery, and the sta-
tistical behavior of its output rate. The simulation in-
volved a subband coding scheme and error concealment
by use of visual redundancy. The latter was simulated by
random discard of packets; no actual network was used in
the simulation. The full details of the coding scheme and
associated results can be found in [7]-[9], [28]. The cod-
ing scheme is designed to provide quality sufficient for
video conferences. The investigation was aimed at robust
transmission and low complexity, rather than maximal
compression.

A. Subband Coding of Video—The Implementation

We have investigated subband coding as hierarchical
coding for packet networks. In this method, the signal
separation of Fig. 2 is referred to as subband analysis and
the recombination as synthesis. The analysis of a video
signal is, in our scheme, achieved by splitting the fre-
quency spectrum in all three dimensions (i.e., temporally,
vertically, and horizontally) to obtain a total of 11 three-
dimensional frequency regions. This is illustrated in Fig.
9. Following the filtering, the subbands are obtained by
subsampling the signals in each dimension to the new
Nyquist frequencies. As pointed out in Section II-A, sig-
nal separation and recombination should ideally be loss-
less, and should not increase the amount of data that need
to be coded. The filters used enable a perfect reconstruc-
tion of the analyzed signal in the absence of coding and
transmission loss [30], and the sum of data in the sub-
bands equals that of the input. Also, the information in
each subband is amenable to well-tailored quantization
schemes which may be adjusted according to perceptual
criteria. Thereby compression can be highest in subbands
where distortion is least visible.

Subband 1, resulting from low-pass filterings in all three
dimensions, retains a high variance of its intensity distri-
bution, which is similar to that of the input. All of the
other bands have greatly reduced variance and they can
be sufficiently encoded by PCM. Subband 1, in contrast,
needs more powerful encoding, which must be weighed
against a possible reduction in robustness. As a compro-
mise, the band is encoded with first-order one-dimen-
sional DPCM. The prediction error and the PCM values
are run-length encoded. The coding scheme has a low
complexity, and can actually be implemented without
multiplications [8]. It is worth noting that subband anal-
ysis may also be used for size reduction if up-sampling
and synthesis filtering is bypassed [31].

B. Simulation Results

The subband coding scheme was simulated using a
monochrome sequence consisting of 100 512 X 480 im-
ages, with 8 bits per pixel, which corresponds to a bit rate
of 60 Mbits /s. According to our results, the argument that
variable rate may give a constant quality appears to hold.
The average rate of the total output is 2.7 Mbits/s with a
standard deviation of 0.62 Mbits/s. In contrast, the mean
signal-to-noise ratio (SNR) is 30.4 dB, with a standard
deviation of only 0.3 dB!

The subband coding yields a separation of the image
information, which results in vastly different behavior of
the output rates. In Fig. 10, the mean rate and standard
deviation have been plotted for all subbands. As shown,
the temporal low-pass bands are generally less variant than
the temporal high-pass bands, with the exception of band
5. This band is vertically high-pass filtered, which yields
a large variance due to the interlaced format of the video.
Fig. 11 shows the temporal behavior (i.e., burstiness and
constancy) of four subbands. Owing to the temporal sub-
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Fig. 9. The 11 frequency regions of the subband analysis. The total region
is initially split along the midpoints of each frequency axis. The one
which contains both low temporal and low spatial frequencies is split

into four spatial-frequency regions.
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Fig. 10. Mean rate and standard deviation of all subbands (for the band’s
indexes see Fig. 9).

sampling, the frame rate is only 15 frames per second.
Note that the bursts last for several frames. Hence, only
limited smoothing can be obtained by buffering, if the end-
to-end delay should meet the real-time constraint (Section
V-A). In addition, the figure hints that rates from the sub-
bands are correlated. The standard deviation of the
summed rate is 0.62 Mbits/s. If the bands were indepen-
dent, the sum-of-variances would give 0.45 Mbits/s as
standard deviation.

1) Session Quality: In Fig. 12, the output rate is plot-
ted against the SNR for selected subsets of all subbands.
This can serve as an indication of how degradation can
vary with available transmission capacity. The pictures in
Fig. 13 represent the quality associated with the four cases
in Fig. 12. Cost/quality tuning (see Section 1V-B2) may
be achieved by omitting less important subbands in order
to yield a desired output rate. The possible range of qual-
ity and output rates corresponds to those of Fig. 12. Note

that packet loss is a temporary quality decrease along this
curve, while cost/quality is a permanent one for the ses-
sion.

The DPCM encoded subband 1 will require the highest
possible transmission priority and, if possible, capacity
reservation according to its maximum rate. Since its out-
put rate is nearly constant, such a policy would not waste
resources. In fact, its maximum rate in the simulation is
619 kbits/s as compared to a mean of 604 kbits/s. The
other subbands can be transmitted with lower priority
since they are not necessary for the continuity of the ses-
sion; only its quality. A resource allocation could, in the
case, guarantee capacity according to the mean rates of
the bands. Thus, they will have to compete for unassigned
portions of the network capacity when need be. An even
lower allocation class would correspond to subbands
which have no guaranteed capacity and therefore have to
vie for their entire bandwidth. Priority assignment and ca-
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Fig. 12. The SNR as a function of bit rate. Case 1 consists of subbands 1
and 8; case 2: 1-4, and 8; case 3: 1-6, and 8; and case 4 includes all
subbands.

pacity allocation for a subband could be made according
to mean, variance, and visual importance, as given by
Figs. 10 and 12.

2) Packetization Delays: The packetization delays,
corresponding to the subbands’ output rates, have been
tabulated in Table I for 1024-bit packets (as used in [1]
and [2]). The maximum delay is not an exact figure since
it is not calculated by integration of the variable bit rate,
but it is calculated from a constant rate, equal to the min-
imum of the variable rate. The table illustrates a potential
problem with hierarchical coding: excessive packetiza-
tion delay. When calculating the permissible end-to-end
delay, the maximum packetization delay has to be used.
Bands such as 7 and 11 may be either multiplexed, or
omitted permanently. However, bursty subbands which at
any point in time may yield a low bit rate are potential

problems, such as subbands 4, 6, 9, and 10 in the table.
While multiplexing can eliminate the maximum delay, the
added rates of these bursty bands may require unaccept-
able processing needs at rate peaks. One solution would
be to avoid transmission of a packet that required more
than the allowed time for its packetization.

3) Modeling of the Variable Output Rate: The output
of each subband may be more easily modeled than the
total rate (see Figs. 10 and 11). For example, subbands
1, 2, and 3 could be modeled as constant rate sources.
The subbands 5, 8, and 9 could be modeled as simple, but
cross-correlated, on—-off sources, with the average time in
the on-state equal to the average duration of the bursts.
The remaining subbands could be excluded from the mod-
eling because of their minor contribution to the total bit
rate. An investigation of the statistical properties of the
output rates of a subband coding scheme is reported in
[19], where the simulation results include ten video se-
quences, each of 2 min duration.

C. Error Recovery

Our study covers error concealment by use of visual
redundancy, as discussed in Section II-B2; it does not
include the use of error correcting codes. We have found
that subband coding offers a good framework for perform-
ing error recovery [7], [9]. First, synchronization flags
are added according to the method of Section IV-B so that
the location and number of lost packets are known. The
encoding is memoryless, except for subband 1, which will
need only one PCM value per synchronization flag in or-
der to limit the error propagation (hence, the simple en-
coding). It is therefore possible to obtain restricted error
propagation with limited overhead. Second, only subband
1 requires some form of computed concealment of the era-
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(e)

Fig. 13. Pictures representing the cases in Fig. 12. (a) The original. (b)-
(e) show cases 1-4.
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TABLE I
PACKETIZATION DELAYS FOR THE SUBBANDS. THE PACKET SIZE was 1024
BiTs. (FOR BAND 7, THE MINIMUM BIT RATE IS 0, AS CALCULATED FROM
THE MINIMUM NUMBER OF BITS PER FRAME. HENCE, THE CORRESPONDING
MAXIMUM PACKETIZATION DELAY 1S NOT VALID).

Sub-band Mean [ms] | Max [ms]
1 1.7 1.8
2 2.8 4.0
3 23 4.0
4 16.1 93.9
s 39 7.5
6 123 280.1
7 4053.8 -
8 16 57
9 49 59.5
10 17.6 38.6
11 79.4 3973

sures. The other subbands recover to near invisibility of
the errors by setting the erasures equal to zero (the mean).
For subband 1, the erasures were patched over by using
the corresponding area from the previous frame. The per-
formance of this error recovery method was simulated by
randomly erasing 1024-bit packets. For lack of a better
model, the simulated loss was taken to be uncorrelated
over time and between subbands. Representative images
are shown in Figs. 14 and 15; in Fig. 14, five randomly
chosen bands, not including subband 1, have suffered loss
of one packet each, and Fig. 15 shows a case when sub-
band 1 has been affected by a lost packet. Apparently, the
method works well for areas without motion, but subband
1 leaves visible error in areas with motion. This inconsis-
tency can be eliminated by using motion estimation to find
the appropriate area to be used as concealment. Spatial
filtering can then further reduce the visibility of error by
smoothing along the border of the replaced area. This was
demonstrated in a related study [28].

VII. CONCLUSIONS

Packet video has been studied from a system point of
view and the functions necessary for video communica-
tions have been addressed. On signal processing issues,
particular consideration was given to coding, error recov-
ery, and the statistical properties of the transmission rate,
for which simulation results were also presented. In terms
of the network model, the lower layers would provide real-
time transmission without regard to the signal’s format.
It is believed that network sessions should be conducted
over virtual circuits, and that the network should provide
for priorities if congestion control is exercised. The func-
tionality should also include provisions for multiple des-
tinations. Video-specific functions were discussed in the
context of the higher layers. The functions could be ar-

. - ] 1

Fig. 14. The effect of packet loss. Five packets, of 1024 bits each, were
lost, which corresponds to 2.9 percent of all the packets in the frame.
The affected subbands (2, 5, 9, 10, and 11) were chosen at random, as
were the particular packets.

Fig. 15. Packet loss in subband 1 cannot be satisfactorily substituted from
the corresponding area in the previous frame when there are high amounts
of motion.

ranged so that the dependence on the video signal’s for-
mat is stepwisely reduced. The issues included format
conversion, hierarchical coding, provisions to limit error
propagation, session types, session quality and cost, and
packetization. The timing problems inherent in an asyn-
chronous network were also covered. Network delays are
irrelevant for one-way sessions, but critical for two-way
sessions, where the video delay has to be bound to give
lip-synchronization. In addition to the network delays,
there might be a disparity between the sender and the re-
ceiver clocks, which might be remedied by repeating or
skipping video frames. Simulation results were presented
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for a hierarchical packet video coder based on the tech-
nique of subband coding. It appears that subband coding
is a promising way of doing hierarchical source coding.
The complexity is low and, in terms of quality and
compression, the scheme promises a performance similar
to transform coding. The simulation also verified various
conjectures, like variable rate constant quality coding,
cost/quality tradeoffs, and recovery from packet loss.
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