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Broadcast Quality Video over IP
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Abstract—We consider the problem of designing systems for it is our belief that the limitations on channel capacity imposed
the transmission of video signals of the quality found in current py “the last mile” are only temporary. New technologies (e.g.,
television broadcasts, over high-speed segments of the public IPposL modems), promise the delivery of substantially higher

network. Our most important contribution is the definition of a dat ¢ Th f h fi it K
network/coder interface for IP networks which gathers channel ata rates. us, Irom a research perspective, it makes sense

state information, and then sets parameters of the video coder to t0 consider design issues for future systems free from the very
maximize the quality of the signal delivered to the receiver, while low bit rate constraint. Furthermore, video coding at very low

remaining fair to other data or video connections. This interface pit rates is a problem that has already received significant

plays a role analogous to that of a Leaky Bucket controller, inthat - aention, for which a number of good solutions do already
it specifies traffic shaping parameters which result in simultaneous exist (e g H.263)

good Quality-of-Service (QoS) for the source and good network . . . . .
performance. Since the network is not assumed to provide anyform ~ Note that this paper would be pointless if, provided with
of QoS guarantee, fundamental to our construction is a hidden enough bandwidth, these existing low bit rate systems could

Markov model for the channel, based on which the interface solves pe scaled up to stream high-quality signals. However, this is
a problem of optimal stochastic control, to decide how to configure not the case. Streaming high-quality video poses technical

the encoder. Other contributions are a) modifications to the stan- hall talll Is i t desi d famil
dard Internet transport protocol, to make it suitable for the trans- challenges at all levels in a system design, and a new family

port of delay-constrained traffic and to gather channel state infor- Of communication protocols and signal processing algorithms

mation, and b) the design of an error-resilient video coder. Exper- is required. Specifically, when freed from the low bit rate

imental studies reveal that the proposed system is able to stream constraint, some new interesting problems are:

video signals of the quality of current TV-broadcasts, among hosts - communications and ControlWhat are realistic models for

in wide-area networks connected to the experimental vBNS back- S

bone. the network channel, that can be used by applications to ef-
fectively perform joint source/channel coding tasks? Given one

such model, what are efficient algorithms to identify its param-

eters and complexity? How can channel states be estimated?

What control strategies should be applied at the interface be-

tween the source and the channel, to ensure efficient usage of

. INTRODUCTION the network resourceanda high quality signal reproduction?

HE MAIN goal pursued in this paper is the design and Signal Processing:What are good ways of trading off com-
implementation of a system to transmit in real titigh- pression efficiency and robustness to errors? This is particularly
quality video signals over the public network. By high-qualit)fe|eV§”t in our context, since at middlg{high pit rates some com-
we mean signals encoded at bit rates resulting in the reprod@Eession efficiency can often be sacrificed without a noticeable
tion quality attained by current TV-broadcasts, i.e., transmissigfgradation of the decoded signal.
of CCIR601 color signals at bit rates in the range 4-9 Mbits/s. Information Theory: For each of the concrete problems dis-
Systems for streaming video at such high bit rates are ¢issed above there is a more fundamental version of the same
interest, for example, to video-on-demand applications (suBfPPlem. Whatare relevant properties of the channel under con-
as web servers). Most existing streaming systems howevigeration? What is an appropriate definition of capacity for this
typically operate at bit rates in the range of 40-50 Kbits/§,hanne|? What performance bounds apply to coders that signal
mainly because a significant portion of Internet users at@formation across this channel?
connected via dialup lines whose capacity is limited to at most!t has been argued recently that “fifty years from now

56 Kbits/s (under the most optimistic assumptions). However; t€lecommunications will likely be dominated by packet
data/voice transmitted over wide-area networks like the Internet

) ) ) ) ... the challenge will be to understand the network as a whole
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Fig. 1. Structure of a video streaming system.
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Fig. 2. Approach centered around coding problems. In this case, all thigy. 3. Approach centered around the design of network protocols. In this case,
intelligence goes into the design of good data compression algorithms, budlitthe intelligence goes into the design of good communication protocols, but it
is assumed that the network is a black-box—a fixed, standard pipe, with iscassumed that the coder is a black-box—fixed, typically one of the standards
differentiation of packets at the socket level or below. (MPEG-X, H.26x).

the resulting bit stream with channel codes, and using one'Bgtched to a network which provides no form of packet dif-
the standard Internet transport protocols to transmit the resultfi§gentiation. Plus, since the modified protocols cannot ensure
data stream. If the source bit rate is low enough and the chanf@Pr-free transmission, when errors do indeed occur, the quality
is not too congested then it is possible to use TCP, in which cdhe decoded signals suffers severely because of lack of robust-
no errors occur and therefore there is no need for channel cod&$s in the coders used.
Otherwise, UDP is used with a constant packet injection rate, . .
and low-redundancy channel codes are upsed to prjotect agrﬁistThe Need for Joint Source/Channel Coding
infrequent lost packets. Fig. 2 illustrates these concepts. Consider Fig. 1 again. One can easily recognize in that picture
The main drawback of this approach is that, essentially, #hannon’s structure for a communications system [33]: there
does not deal well with the time-varying nature of the channd$. @ module in charge of removing redundancy in the source
To avoid having to deal with these time-variations, the channeli®e video coder), there is a module in charge of protecting
severely underutilized, by using a low bit rate coder [27]. Thi$e data against possible channel impairments (the transmission
is because at higher injection rates, fluctuations in the packgetocol), there is a channel (the network), and there are mod-
loss rate make it very difficult to guarantee a low probabilitjles that invert the previous steps. Under this light, it is clear
of decoding error. At higher bit rates, a careful matching dhat the approaches previously described are essentially based
Reed-Solomon (RS) codes to the importance of different p@a the Source/Channel Separation Theorem [6, Ch. 8] this is
tions of an MPEG-2 stream has been proposed [1]. Howevthe first indicator of “trouble,” since packet networks are per-
in this case it is unclear how to adjust the parameters of thaps the best example of a channel for which the hypotheses
RS codes for different channel conditions, leading to possib®j the separation theorem do not apply. Even disregarding prac-
overly conservative estimates of the required amount of redui¢al issues of complexity of the encoders/decoders, it is well
dancy. Furthermore, with UDP applications are responsible fghown that the separation principle dagst hold under delay
performing their own congestion avoidance and control, whigl®nstraints, under channel uncertainty, and for multiple access
is a very bad idea, since potentially misbehaving sources nelyannels, all of which are present in a packet network. In our
cause severe degradation of the overall network performar@fproach instead, we propose to design a data compression al-
[71, [23], [37]. gorithmjointly with the transmission protocol that will be used
2) A Networking-Only View of the ProblemAnother widely to move the resulting compressed stream, as illustrated in Fig. 4.
used approach consists of designing new transport protocols, buto accomplish our goal, there are essentially two issues that
using either standard video coding algorithms which generame need to consider 1) we need to understand properties of the
a fixed syntax for the compressed bit stream [4], or by usir@annel, to be able to design efficient methods for encoding and
layered coding techniques [29], [38]. transmitting information across it and 2) we need to design an
This approach has certain advantages over the one discudgtgiface between the network and the coder, which can estimate
above, the first and most obvious one being that flow control &d track channel state fluctuations, as well as present this in-
part of the protocol, and therefore the resulting video flows afermation in a useful manner to the encoder.
indeed good network citizens [29]. Besides, since the bit stream
syntax is known, there are some games that can be played intheNétwork/Coder Interface
presence of congestion: for example, it is possible to put all theThe design of interfaces between networks and applications
blocks along a given motion trajectory into a single packet, $® a problem that has received significant attention. However,
that if this packet is lost the entire motion path is lost and thermost of the work so far has focused on transmission and traffic
fore error propagation is limited [3]. Also, it is possible to reregulation over asynchronous transfer mode (ATM) networks
transmit packets selectively depending on, for example, whetli@}, [26], of which perhaps the simplest example is the Leaky
a lost packet contains intra-coded blocks or not [9]. Fig. 3 illu®ucket controller [24]. Video over ATM was of interest because
trates these concepts. of two reasons: 1) ATM was thought of as one of the candidate
The main drawback of this approach is that they are all lintransport technologies for future broadband integrated services
ited in performance by the nature of the coders used. Viddata networks (B-ISDNall the way to the end usand 2) ATM
coders based on multiresolution techniques are inherently migtworks are ableto provide Quality-of-Service (QoS) guarantees
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Fig. 4. Joint source/channel coding (JSCC) view of the problem. In this approach, the interactions between the coder and the protocol arekexpiititly t
account.
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Fig. 5. Network/coder interface. In our approach, we design jointly the three most important components of our communications system: theesatee cod
transport protocol, and the interface between these two. We claim that a clean interface among these components far outweighs the importptaeiafrfglly
each of the individual components independently of the others.

forapplications. Work has been done onthe problem of streamingich we can derive probability measures on the uncertain
video over ATM networks [22], [28], and more specifically angarameters.
relatedtowhatwe need, onthe design of controllers which, sitting
at the network/coder interface, set parameters of the encodePsdMain Contributions and Organization of the Paper
as to maximize the quality of the video signal delivered to the Afundamental point we try to make inthis paper is that there is
receiver, subject to the constraint of complying with the traffianinherentmismatch between properties of state-of-the-art video
flow contractenforced by the network [13]. codersandpropertiesofexistingtransportprotocols,andthatthese
Current IP networks are inherently different from ATM netdesigntasks needtobe addregeedly, asillustratedin Fig. 5.
works however, in that they takebast-efforeipproach to packet  For this reason, we feel the main contribution presented in
transmission and routing, and hence in that no QoS guarantgs work is the middleware module we put between the network
whatsoever are providedAs a result, there is no contract to beand the codemve design a controller which adjusts key param-
negotiated between the source and the network, and hence tleeses of the error-resilient coder as a function of channel states
are no policing mechanisms applied by the network at its inteFurthermore, in the process we present a solution to the problem
face with the source. The source is expected to inject packets isfanodeling the channel and of gathering channel state informa-
“responsible” manner (e.g., using the flow control algorithm afon: we use a hidden Markov model (HMM) to give a statistical
TCP [14]), because this will result in good performance not onljescription of the behavior of the channel, based on which we
for itself but also for other sources. But there is no mechanismgan design our controller applying standard stochastic control
prevent a source from injecting as many packets as it wants. Tpithciples. Other contributions are the design of a TCP-friendly
poses a complication in the design of controllers such as thatefnsport protocol (a simple modification of TCP/IP to make it
[13], but in the context of IP networks: if the network does nduitable for the transport of delay-constrained data, and to make
provide anyexplicitguidelines as to what the source should digs internal state visible to upper system layers), and the design
(e.g., inthe form of a contract, as in the case of ATM), then whai an error-resilient video coder, along the lines of those de-
is a good control strategy? How should the controller configusigned in [32].
the encoder to ensure smooth and high-quality video playbackThe rest of this paper is organized as follows. In Section I, we
when there is uncertainty on key parameters of the communigaesent modifications to the TCP protocol, as well as the design
tions channel, such as available bandwidth, propagation delafan error-resilient video coder. In Section llI, we present the
and packet loss rate? design of the network/coder interface. In Section IV, we present
The answer to these questions can be found in the theorypefformance results, and in Section V, we present conclusions
control of stochastic dynamical systems, which deals preciselyd discuss issues for future work.
with problems of making decisions under uncertainty [16].
However, to be able to apply stochastic control principles, we II. TRANSPORT ANDCODING

need to impose a statistical model on the channel, based OnJomt Design of Coders and Transport Protocols

INote that there is an IETF effort which attempts to provide QoS guarantees
in the context of IP networks (e.g., a number of RFCs on differentiated serwcesIn this section, our goal Is to define one transport protocol

approaches). However, the vast majority of high-speed public IP networks sitd one algorithm for compressing video signals with a clear
provideonlybest effort service. This is true even for experimental networks, likand well defined interface.

VBNS. But even if such services eventually become massively available, pricing . .
considerations and/or multiple users falling within a same class of service make * | € transport protocol is defined such that 1) a hard upper

the best-effort case a most important one to consider. bound can be given on the propagation delay of any one
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packet in the network and 2) a statistical description of theaffic is based on TCP, itis crucial that any new protocol remains
channel can be given, made available to applications for to TCP. Our modifications are perhaps the simplest way of
that these can be configured accordingly. accomplishing exactly that. Note however that prior to this work

« The way in which 1) is ensured above is by eliminating resuch an approach had not led to feasible system designs: without
transmissions. Although the flow control algorithm ensuregtransmissions—or else some other mechanism that can ensure
that packet losses are kept low, a nonnegligible numberearfror-free transmission—classidalyeredvideo coders take a
packetswill stillbe lost. Asaresult, the coder mustbe able sgvere performance hitin the presence of even a small amount of
reconstructhigh-quality video signals evenwhenasmallbrgndomly placed packetlosses (e.g., MPEG).
arbitrary subsetofits datais missing. Note also that being able to use TCPs flow control as is (may

The idea that properties of the transported signal must affé& with nonessential changes) has a definite advantage: as far as
the design of transport protocols was first defined in Clark arte network is concerned, the traffic generated by such a source
Tennenhouse’s Application Level Framing (ALF) protocol ars no different from the traffic generated by bulk TCP trans-
chitecture [5], whereas the idea that coders for this applicatié#fs. We are motivated to take this “evolutionary” approach to
need to be designed based on JSCC principles was first pifeg transport of delay-constrained data (as opposed to “revolu-
posed by Garrett and Vetterli [11]. McCanne in his thesis devdlonary” approaches, in which entirely new protocols are built
oped the idea that ALF and JSCC are in fact parallel concefem scratch), by the simple practical observation that TCPs
[20]. Our ideas first appeared in [31], of which this paper is dfPw control has delivered outstanding network performance
extended version. Later (and independenﬂy), eeal. com- OvVer many years, not jUSt in simulations but in actual transmis-
bined (in [17]) the error-resilience techniques of [21] with th&ions performed by a very large number of Internet users. Be-
transport protocol of [41]. That work differs from ours how-<cause of this, we feel it is a good idea to keep flow control as it
ever in that, although the protocol and the coder used are baie@ow and build applications on top, instead of replacing it with
on similar principles (a TCP-like protocol and an error-resiliergntirely new controllers.
coder), they never consider the problem of designing a good in2) A Hidden Markov Model for RT-TCP Channelsorder
terface between these two, which is the main topic of our worfer upper layers in the communication architecture to use infor-
Prior to our work the joint design of coders and transport protmatiOn aboutchannelstates, thefirstrequirementisthatofamodel
cols had also been considered by Garrett [10], Ortega [22] aifi@t can be used to “describe” the channel to these higher layers.
McCanne [20]. In all cases however, the solutions obtained arée development of such models for RT-TCP connections is not
based ottayered(or multiresolution) coders: as a result, system@ simple task: feedback in the flow control algorithm introduces
designed using these coders are Comp|ete|y different from Sggemory and time-dependenciesinthe servicerate of the channel,
tems designed using coders like ours, in which all data packé&ggderinginappropriate the use of simple parameterizationsbased

are equally important in terms of decoded signal quality. ~ onclassicalmodels(e.g., exponential servicerate).
Inspired by work on models for flat fading channels [40], we

B. RT-TCP: Real-Time TCP propose here a Hidden Markov Model (HMM) to capture the
statistical properties of RT-TCP channels.

« An RT-TCP connection is regarded as a source that gener-
atesl and—1 symbols at random time4's represent ac-

Elimination of RetransmissionsWWhen the timer for a trans- K ledaed Kets. andl’ knowledaed ket
mitted packet expires, instead of retransmitting this assumed nowledged packets, anel s unacknowledged packets.
» Time is quantized into intervals of lengfhsuch that, over

lost packet (as specified by standard TCP), a new packet is sent. , T bol b
Redefined Acknowledgmeniin TCP, an acknowledged data ggﬁeorg?e:gmerva[t’ t + T), at most one symbol can be
segment implies all previous segments are available at the re- . " . ) _
ceiver [36]. Since without retransmissions some packets will A discrete-time processXy)n>o |s.def|ned byX,, = 0,
if no symbols were generated duripdl’, (n+1)T), else

necessarily be lost (because of a continuous probing of avail- X —1 -1.d di th bol that
able channel capacity), the meaning of ack messages needsto = ~—_ = epending on the symbool that was gener-
ated. This process is modeled using an HMM.

be redefined: an acknowledgment explicitly states the packets . ] .
received 9 P y P Once we decide to restrict our attention to the class of HMMs,

Extra Headers: Timestamps, sequencenumbers andotheriye still need to deal with the problems of selection of a model

formationneededfor“booking”purposesareaddedtothe headé)rrg.er and of parameters for the chosen model.

The main rationale behind these modifications is that they * RT-TCPs flow control [14] has a distinctive character-
represent the least set of changes needed to have TCP be efficient IStic: it produces short transmission bursts, followed
at carrying traffic with real-time delay constraints. The current ~ PY short penods of sﬂence. During transmission burst;,
Internet works under the assumption that all end-systems react RT-TCP fires packets into the network continuously until
to congestion by adjusting accordingly their packet injection  the number of packets “in flight” reaches the size of the
rates. Doing so has anumber of benefits, such as keeping network congestion window. During periods of silence, RT-TCP
utilization high, or preventing congestion collapse. Another ~ Waits until the number of packets in flight is reduced
benefit is that of sharing in a fair manner the instantaneous avail- Pelow the size of the current congestion window, while
able bandwidth among multiple competing flows, imple'T'(':'me‘szor example" could be taken as the amount of time it takes to execute a
using possibly different protocols. But since most current Interngiite on a socket at the transmitter.

1) Mechanics of RT-TCPThere are three basic modifica-
tions that we introduce to the standard TCP.
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at the same time this window size changes (by meawm®us suboptimalities when we choose to design a robust coder
of packet acks and/or timeouts). Because of this burdbhased on 3-D subbands.
nature, we propose to use a two-state HMM to model our 2) Error-Resilient Subband CodingOur error resilient
channel: such models have been proven extremely usefideo coder works as follows. It takes as input a color sequence
to describe channels that undergo burst noise [12]. in YUV format, of size 352 rowsx 240 columnsx 30
» The standard approach to parameter estimation for HMMsimes/s, and blocks it into groups of pictures (GOPs) of 16
consists of using the Baum—Welch algorithm [39]. Issudeames. Each color band is processed separately. A four-level
specific to the application of this algorithm to RT-TCPHaar decomposition is then applied along the temporal and
data are discussed in Section IV. both spatial directions.Each spatio-temporal subband is then
Preliminary results on our work in progress on these estinacoded using techniques presented in [32], in the context of
tion problems will be presented in Section IV. However, an exobust coding of image subbands.
tensive coverage of these topics is intentionally left out of this
paper: our goal here is to solve a control problem at the interface  1ll. D ESIGN OF THENETWORK/CODER INTERFACE
between the source at the netwaaksuming a known channel
Channel estimation and identification is a whole subject in i
self, and will be dealt with elsewhere.

In this section, we present the most important contribution of
this paper: the design of a middleware module that, sitting at the
interface between the encoder and the network, sets the param-
eters of the encoder as a function of channel states. In order to
choose these parameters, we need to formulate and solve first a

Next, we consider the problem of efficiently compressing problem of optimal control, and then a problem of optimal allo-
video signal into any number of packets. We develop a simpation of resources.

coder with the salient property that the quality of the decoded « The first one is the rate-control problem. Given a sequence
signal depends only on the number of packets available at the of ¥ GOPs to transmit, we have to decide how many
receiver, but not on exactly which packets were received. This fixed-length packets to allocate to each GOP. However,
section builds heavily on work presented in [32], hence, many  there are conflicting goals that need to be met. On one
details are omitted. hand, we would like each GOP to get as large a number of
1) Temporal Dependenciesthe key feature that distin- packets as possible, because this leads to high-quality sig-
guishes video coding from still image coding is the presence nals decoded at the receiver. On the other hand, we would
of temporal dependencies among video frames which, if |ike each GOP to get as small a number of packets as pos-
exploited correctly, lead to compression efficiency higher than  sible, because then the transmission of each GOP will not
that attainable by an efficient still image coder applled on take a |0ng time, thus preventing future GOPs from ar-
each video frame separately. In order to take advantage of rjving in time. These two conflicting goals need to be bal-
these temporal dependencies, the most common techniques are gnced somehow.
1) motion compensation, and 2) subband filtering along the « Once we decide how many packets to allocate to a GOP,
time axis as well as in the two spatial directions (known as  and based on a current estimate of the statistics of packet
three—dimensional (3-D) subbands). Frompuae compression losses, we need to choose parameters of the encoder to
efficiency viewpoint however, there is a general consensus pe applied on each subband, leading to the best possible

in the research community that 3-D subband coders do not quality of the signal reconstructed at the receiver under the
perform as well as coders based on motion compensation. given constraints [32].

We claim that in the presence of a dirty channel, that con- cqnirol-theoretic concepts have been used before in the con-

sensus on the superiority of motion compensation techniqygg: of communication networks. Keshav presents a control-the-
over 3-D subband techniques ought to be revised. Motion CoBleric treatment of the problem of flow control [15]. Li and

pensation creates long-range dependencies among portiong frstedt apply concepts from classical control theory in the
the encoded bit streams: as a result, even a small amount ofn@é&gn of a middleware platform for QoS adaptations in a dis-
in the channel may lead to a significant performance degigted environment [18]. Specifically on video communica-

dation, due to error propagation. On the other hand, no sygly, nroblems, Ronda-Prieto considers in his thesis problems

long-range dependencies existamong 3-D subband coefficiegismqdeling and control of video coders [25]. However, in that
and hence this representatioright potentially perform better ,qis it is assumed that the channel is clean (no packet losses)

in noisy environments. Furthermore, 3-D subbands provide,gq geterministic (exact knowledge of how long any transmis-
natural framework in which to perform unequal error protec-

tion (UEP): different subbands can be protected with different*we should point out that although this paragraph reflects our own ideas, the

amounts of redundancy. Such UEP schemes become Cumegtfe_ntial benefits of using 3-D subbandsto_ send video over error-prone channels
. . . . . appear to have been first recognized in prior work by Srinivasan and Chellappa
some when using motion compensation in the video coder. E}&],
cause of these reasons, we do not feel we are incurring in any orowever simple the Haar filters may appear to be, in our experiments we
found them to be the ones providiby far the best visual quality. Other filters
3We want to emphasize that this observation relatégto pure compression we tried (e.g., the Daubechies 10-18 wavelet), led to PSNR improvements of
efficiency. Three-dimensional subband coders are able to provide other fuabout 0.3-0.4 dB over the Haar filters. But by virtue of their length, they induce
tionalities that are much more difficult to provide using a coder based on motidnging artifacts. And while these may not be objectionable with still images, in
compensation (e.g., scalability in bit rate, image size, and frame rate). In the dieleo signals they are very visible (in the form of a background flicker effect),
sign of acomplete systenthese are most important issues to take into accourénd extremely annoying.

C. Error-Resilient Video Coding
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sion will take). Under those assumptions, all that needs to beed to specify criteria for the selection of a control sequence
controlled is the occupancy levels at the transmitter's outp{i, ),>o. Our goal is to maintain the receiver cloek slightly
buffer, and the only uncertainty is about the future buffer rexhead of the transmitter clo¢k, by a fixed amount’* > 0 (on
quirements of a signal that is not assumed known in advanegerage). For the system in stéter, =], and for a control ac-
Our problem is completely different however, since we havet®n «, we define the cost

channel that does drop packets, and whose transmission times

are also random. e[t, r, 7], w) = (r+Ta — t — Ex{r(u, H)} — d*)%.

A. Dynamical System Model r — t is the difference between clocks bgfore the application
) ) of control; after control, we expect that difference to become
Let H denote an HMM for the F:hannel, with typmgl statg,+Td_(t+Eﬂ{T(u7 7)1). And we penalize deviations of this
and sequencs. x>0, and observation sequen@& )i>o (INtU-  yitference from a fixed valug*, using a quadratic cost.
itively, the b;’s are the sequence of 0's, 1's, and’s to which Finally, a Markov policyg,: [t., 7, 7] — 1y, is obtained
we made reference in our informal description of Section II-By 4 soiution of ne R "
Let 7, denote the number of discrete-time units required to dis-

lay a GOP. Consider also two functions,and )\, defined b 1 Y
Py Y min E® <— Z c([tns Tn, ™), un)>
m g N
n=0
7(u, H) = min { m: Z |b| = u _ . _ : .
= Why is this a meaningful formulation of our “real-life”
_— problem? To understand this, we study next properties of

optimal policies.
Au, H) = Z =13 2) Properties of an Optimal ControllerFirst of all, note that
k=0 if r, increases steadily faster thap, then unbounded large
7 counts the number of clock ticks it takes to transmitackets buffers are required at the receiver to hold data until its sched-
over the channél{, and\ counts the number of packets that argled decoding time. In that case, one could also attain better

lost when sending packets over the chann#l.” quality of the signal reconstructed at the receiver by increasing
As a function of this HMM, we construct a fully-observedhe number of packets allocated to each GOP. Conversely, if
dynamical system described by the following equations: r, increases slowly relative t,, eventually the receiver will
starve. Hence, we see that the mean vakie= E8(r,, — t,,) of
tntt =tn + 7(un, H); (1) the (closed loop) clock differences should remain constant.

Let us fix a constant valug* > 0 by which,, should remain
ahead ot,, on average, and consider the “meaning” of the cost
Tl =Pr(se, . |Tn, b, s ooy e, yy) (3) for IV large. Since the HMM is stationary agdis Markovian,
the differenced,, = r,, —t,, are stationary too (for large), and

Trt1 =Tn + Ly; (2)

b =Pr(Mun, H)ltn, 7n) (4) hencevar(d,,) is independent of. (for largen). By the Strong
with initial conditionsrq = tg = 0, andng ~ the initial distri- Law of Large Numbers we have that
bution of the HMM. These equations should be interpreted as N
follows. (u,,)n>0 IS @ Sequence of control actions, which rep-  lim — Z c[tn, Ty Tn], wn)
resent the number of packets allocated to #itie GOP.#,, is N=oo N o=
the total number of clock ticks from the beginning of transmis- N
sion until the transmission of theth GOP starts, and, is the — lim 1 Z [dy — &% + [T — Ex {7 (un, H)Y?
number of clock ticks after which the display of the-1th GOP N—oo N &= ’
starts.n,, is a probability measure on the hidden state, condi- +2[d,, — d*][Ty — Ex{7(tn, H)}]

tioned on the observations available until tim@& And 4,, is a — Var(dy) + (d* — g)?
probability measure on the number of packets that will be lost " K
during the transmission of theth GOP? + (T = Ex{7(un, )P [ ] (ae.).

There are two properties of an optingathat are of interest
to us. First, it is clear that an optimal controller will mak& —

1) Problem Formulation: Formally, the problem of rate con- j«__g|se the cost is increased by — 1i%)2—, thus making the
trol is formulated as one of optimal stochastic control of thﬁarameted* be what we intuitively want it to be: the average
dynamical system defined by (1)—(3), and for that purpose, Wenhount by whichr,, stays ahead of,. Second, if in steady

6T, = (1/30)G.,/T, whereG, is the number of frames in a GOP, afids ~ State We have. {7(un, H)} 7& Ia, th.e_n clearly,® cannot l?e
the time-quantization step. a constant, and hence the first condition cannot be satisfied. So

1 py is an indicator function: 1 when the conditidhis true, 0 otherwise. we see that for an optimg], the last two terms in the limit drop
87, is aninformation statg16, Ch. 6.5]: it captures everything that is knowngyt. Furthermore, since fay |arge the cost become’isr(d,,,),

about the unobserved state. , asymptotically the optimal policy yields minimum variance
Note that in setting up our system model we made the assumption that ac

messages are not lost, and therefore that missing acks indicate lost packets.%@troner' This is desirable becausfe it allows us to pick Sma!l
assumption is consistent with those of [14]. values ofd*: large values are undesirable because they result in

B. Rate Control
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large buffers at the receiver; however/ifis “too close” to zero <, v e 1

(say, less than a standard deviation), then the probability of 1 [ A

receiver starving is high. S =1
3) Design of a Controller:Our problem is one of optimal l < o = 1

control of a stochastic dynamical system. If our observed systt i o == 1

were indeed a Markov chain, a natural controller to consid -

would be the dynamic programming (DP) controller, which iE_ 6. Definition of the weiahts | d controller. The intuition i
Constrained by the DP equations 1g. 6. efinition o e welgnts: In our proposed controllier. e Intuition 1s

that when the applied control actienis smaller than:*, on averagel.,, will
increase, whereas when> u* d,, will decrease. Hence, our goal is to give
“soft pushes” tod,, to bring it close tod*; and if d,, gets “too close” to zero
Vo([t, r, 7)) (the starvation region), then we want to “push harder.”

= %ﬂfl e[ty 7, 7], w) + E{Vq1 (R([t, 7, 7], w)}
welo L tails on this topic, as well as on implementation details of the

proposed controller, the reader is referred to [30, Ch. 4].

(for 0 < n < N), terminal costy ([¢, , 7]) = 0, and where

h([t, r_, 7], u) denotes the state transiti_on function (_Jlefined by IV. EXPERIMENTAL RESULTS
equations (1)—(3). The value of an optimal contrgl is then ) ) . ] ]
defined as the attaining the minimum in the cost-to-g, [16]. In this section, we present experimental results testing dif-

We have two problems here though. First, the system definf&iént aspects of our proposed system.
by equations (1)—(3) isota Markov chain, since the definition )
of 7 involves sums of observations of an HMM, i.e., of deperf- Experimental Setup
dentvariable$? But assume that we were willing to consider the The experimental setup is as follows. We installed a trans-
DP controller as a reasonable low-complexity approximation mitter at 1ima.cs.uiuc.edu (Urbana, IL), and we installed
the optimal controller. Still, even though it may be conceptueceivers at 1)dukat.ifp.uiuc.edu in the Beckman In-
ally straightforward to implement the DP controller (just writestitute at UIUC, to obtain data for a high speed local area
a computer program to solve the DP equations), in practice thistwork; 2) grip.cis.upenn.edu in Philadelphia, PA, and
task may prove to be rather involved. Instead, in this work wectavian.ics.uci.edu in Irvine, CA, to obtain data for con-
design a controller bgnforcingthe optimality condition that nections within the continental United States across different
E.{7(u, H)} = T,: we define a stationary controller by settingime zones (1 and 2 h difference); abavsun10.epfl.ch in
g[t, r, 7] = u, whereu is chosen such tha, {r(u, H)} isas Lausanne, Switzerland, to obtain data for an intercontinental
close as possible t6,.11 Our controller is defined as follows. connection. Our transmitter picks a receiver at random, trans-

1) Define a control action mits data for 5 min, and for each transmitted packet it records
both its time of departure as well as, if received, the time of
arrival of its acknowledgment. Furthermore, for each trace
we record transmission parameters of the connection: size of
socket buffers, times of transmission start and end, IP addresses
2) For a random variables uniformly distributed over Of the transmitter and receiver hosts.

[E {7, H)} E{7 (v + 1, H)}], define

v = arg max{u: E-{7(u, H)} < Ty}.

B. Dependence of Control on Channel Parameters

w* = if (S > Ty) then o else ' + 1. . In afirst exper.im.ent, we stu.dy propgrties ofourcontrollerf_or
different transmission scenarios: in Fig. 7 we plot the evolution
of the clock differenced,, and control actions,,, for transmis-

Note that by definition oft', E-{7(«'+1, H)} > T4. By  sion traces measured at different times of the day.
time-sharing betweew andu’+ 1 we make sure that, on  Note a few things.

averagekE. {r(u*, H)} = Ty, which is what we want.
3) The control action applied is- »*, wherea > 0 is a real
number chosen as a function of the state, as illustrated in

 During the night (lower network loads), the controller in-
jects more bandwidth than during the day, and the fluctua-
tions of the differenced,, around the sought valu& are

Fig. 6. smaller.
) » While transmitting GOPs 80-100 during the dal,
C. Redundancy Allocation got “too close” to the starvation region: the controller

Space constraints prevent us from presenting a detailed de- responded by drastically reducing the injected bandwidth,
scription of how this problem is formulated and solved: here  pushingd,, up.
we only mention that this problem is dealt with as one of con- * Except when reacting to disturbances, in steady-state the
strained allocation of resources in the sense of [34]. For full de-  controller fluctuates smoothly around the available band-
_ _ width: for this specific connectiorns6.43 Mbits/s during
101n [31] we incorrectly stated that this system has the Markov property.

_ - _ o , the day,~8.85 Mbits/s during the night.
1INote that if we are willing to consider approximations to the optimal con- A buff f size 2 GOPS i hin thi b b
troller, this is an intuitively natural choice: we want to inject a number of packets  * urier ot size S Is enough In this case to absor

that we believe will take abouE, clock ticks to be transmitted. all clock variations.
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Fig. 7. Evolution ofd,, as a function of the control signals. Top plafs;; bottom plots:., ; left plots: day transmission; right plots: night transmission. In this
cased* = 1 and a GOP of size 32 frames was used (so these plots correspond to 1.5-2 min long transmissions).

T .l -
'

i e Single Description (Avg. PSNR: 36.78)
aboteeeeie . MPEG -2 (Avg PSNR: 36.62d8 .
\ —_— Robust, 0% loss (Avg. PSNR: 34.62
atl i e Robust, 396 loss (Avg. PSNR: 34.20 -
|

Fig. 8. Frame-by-frame PSNR for 32 frames (1 GOP) of the “football” sequence. References: a non error-resilient version of the coder desciitredl in Sect
obtained by replacing the multiple-description quantizer by a regular uniform scalar quantizer, and MPEG-2.

C. Quality of Service « This 2 dB is a worst-case example. We have tried different

video sequences at different bit rates, and 2 dB was the

In another experiment, we consider the quality of the sig-  largest drop in PSNR we found. _
nals delivered to the receiver: in Fig. 8 we plot the peak ° If PSNR measurements are questionable but still accept-
signal-to-noise ratio (PSNR) obtained in a sample transmis- able for still images, for video sequences they are vir-
sion, and in Fig. 9 we show an original frame and a sample tually uncorrelated with perceived image quality: we re-
reconstruction. port PSNR numbers because we have no other means of

Note that there is a gap of about 2 dB between the perfor- presenting objective quality measurements. Especially at
mance of the single description coder and the performance of these high bit rates, the reconstruction computed by the
the error-resilient coder: this is the price we pay for eliminating  single description coder over an ARQ channel and the re-
retransmissions. We want to point out however three important construction computed by the error-resilient coder with a

facts. 3% packet loss rate are visually indistinguishable.



IEEE TRANSACTIONS ON MULTIMEDIA, VOL. 3, NO. 1, MARCH 2001

Fig. 9. Quality of the video signal reconstructed at the receiver. Top: original frame #5; bottom: reconstruction with ten packets lost out sfr8ti@drgracket
size: 4 Kbytes, injected bandwidth: 9.38 Mbits/s, loss rate: 3%).

» The video coder used as a reference in Fig. 8 (togeth2r Accuracy of the Channel Model
with MPEG-2) was chosen because it is the “closest” non
error-resilient coder to the one we used. This is important1) Model Order: In a final experiment, we use one of the
to ensure that the PSNR drop shown is not due to diffeffaces to estimate parameters for two different models: a two-
ences in the coders, but instead due to elimination of rgtate chain, and a five -state birth-and-death chain. We also com-
transmissions. And its performance is seen to be compgaute a new two-state chain, obtained by collapsing states of the
rable to the standard MPEG-2. five -state chain. The resulting parameters are shown in Fig. 10.
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0.6185 0.3815 0.6250 0.3750 0.6529 0.3471
()

0.9663 0.9971 " 0.9687 0.9973

0.6387  0.3613 1.0 0.0 0.6375  0.3625 1.0 0.0
(b) (©

Fig. 10. Parameters for two different HMMs, estimated from the same transmissioritiaaec.uiuc.edu—grip.cis.upenn.edu, Thursday Aug. 12, 1999,
4:11am CST): (a) a five -state birth and death chain, (b) a “synthetic” two-state chain, obtained by collapsing states in the five-state chaih(of ét)va-state
chain fitted directly to the trace. The numbers inside states denote stationary probabilities.

The usefulness of our proposeslo-stateHMM is verified Note that an expression for the average bandwisith of a
by the fact that the distribution of observations induced by bottonnection, as well as for the average packet lossBajg is
chains is virtually identical?2 The parameters obtained whergiven by
fitting a two-state chain are almost identical to those obtaine,,; =7 - (7(1|A4) + 7(—1|A)) + 75 - (w(1]S) + 7(—1]5))
by first fitting a five-state chain and then reducing this one to

o . . w4 7(—1|A) + 75 -7 (—1]5)
two states: if more than two states were indeed necessary, Bis, =
wa - (7(1|A) +7(=1|4)) + 75 - (x(1]S) + 7 (=1]5))

state-reduction process applied to the five-state chain would I8 ere A and.S are the two states in the chain (for active and

sult in a loss of information, which apparently is not occurrlr?g“ent), and both quantities are expressed in units of packets per

in this case. This IS mtumvely very plgasmg. We argued ear“%?ne—quantum. To choose appropriate initial conditions, we take
that our main motivation for considering a two-state HMM w. e following steps

the observation that RT-TCP produces bursts of “silence,” fol- ) . I

lowed by bursts of “activity”: the two-states discovered in the 1 W?_ 9“0059 an arb_|trary mc_JquI: uniform _|_n_|t|al pr(_)b—
data by the Baum—Welch algorithm correspond exactly to the abiliies, symmetric transition p_robab|l|t|es __V_V'th
silence and activity states, as follows from the probabilities of A4 — A) = 099 observation probabilities

observations in each state. m(04) = 0.5, 7(0]5) = 0.9, w(1]-) = w(—1]).

2) Initial Conditions for the Baum—Welch AlgorithmA 2) We app'Y the 'Baurr']—WeI_ch.aIgorith'm o the measured
most important issue to deal with when estimating parameters trace, using this arbitrary initial condition.
of an HMM using the Baum—Welch algorithm is the choice of 3) We estimateBiy; and B, from the measured trace.
initial condition. This algorithm is an iterative procedure which, 4) We modify theobservatiorprobabilities obtained in (2)_'
given a realization of the HMM to be identified, produces a  S° that Byn; and Bioss as computed from the model is
sequence of estimates for the parameters of this HMM such equal to the estimate compute_d in (3). L I
that the probability of the observed sequence is nondecreasing‘s) We run the Baum~—Welch algorithm again, with the initial
However, this method is not guaranteed to converge to the condition of (4). . . . .
global maximum likelihood estimate, and therefore the choice Note t_hat we could continue lterating steps 4) and 5), _unt_|l a
of a good initial condition is critical to the quality of thef'xed point of the parameter estimates is reached. At this time

parameters obtained. Our approach to handling this matter ¢4,nave nottried to prove convergence of this procedure to one

be described in simple terms by saying that we “manufacturach fixed point, although we have found empirically that in
any cases it does, and furthermore, that it does after a couple

an initial model in which the average injection and loss ratéd

coincide with that of the measured trace. of |teraF|0nts_onIy. . S .
The intuition behind our initialization procedure is that an

HMM whose injection and loss rates agree with those of the
measured traces should not be “too far away” from the real one,
and hence we hope that the local maximum of the likelihood

12n Fig. 10 a model with only two observations was used: 0 or 1, counting tieinction found by the Baum—Welch algorithm will indeed cor-

number of packets injected, but disregarding acknowledgment. This was do”?égpond to the actual channel parameters.
as to make it easier to read the figure, which is already fairly cluttered. Although

not reported here, the same experiment was done with the model based on thred) Limitation;: O_Ur proposed ph.ySiC"?‘I interprgtation of the
observations as defined in Section Il, with identical results. states of a chain (in terms of active/silent periods) not only
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0.9687 0.9973 0.9577

0.6375 0.3531 0.0094 1.0 0.0 0.0 0.6451 0.3360 0.0189 1.0 0.0 0.0

(a) (b)

Fig. 11. Parameters for a two-state HMM for the same connectinma(cs.uiuc.edu—grip.cis.upenn.edu) and route (as determined by theaceroute
program), at different times: (a) Thursday Aug. 12, 1999, 04:11am CST, and (b) Thursday Aug. 12, 1999, 3:36pm CST. For packets with a payload of size 32
Kbits, and time steps of length000 01 s, for (a) Bin; &~ 8.85 Mbits/s andBi..s = 2.6%, whereas for (bBin; & 6.43 Mbits/s andBi..: ~ 5.33%.

agrees well with intuition, but it also allows us to discover astate information at different points in the network. Note also
inherent limitation of the proposed two-state model. Since thigat if the network did provide QoS support then our controller
model is stationary, if it were entirely accurafe,,; and B.ss could still benefit, by means of having access to extra informa-
should remain constant over time. However, as one would itien on which to condition when computing the recursive up-
tuitively expect, this is not the case: available bandwidths addtes of (3).
packet loss rates depend on machine and network loads (whicithe importance of having been able to attain such
change over time), as illustrated in Fig. 11. high-quality reconstructions using a system that explicitly
Such nonstationarities are not captured by our two-state sé@oids retransmitting lost data cannot be overemphasized.
tionary model, which is seen to provide a good approximatiddhannel coding by retransmission of erased data is known to
in a local sensenly. the parameters of the model may need tachieve the theoretical capacity of the binary erasure channel
be re-estimated over time. All these modeling and estimation [§], and video coding for clean channels is a problem that has

sues are being currently investigated. already received a fair amount of attention from the research
community. Therefore, if wepretend that the separation
V. CONCLUSIONS theorem holds for packet networks, and disregarding delay

The most important conclusion drawn from these results qgngtraints, the only theore.tical subop'timality involved in Sep-
that certain high-speed segments of the public Internet do p%gtmn-ba_\sed _approaches Is due to vu_jeo coo!ers not attaining
e rate/distortion bound of the source; in practical terms, there

vide an infrastructure that supports the transport of video sig-l.ttI h for | t within this f K But
nals of quality significantly higher than currentsystemsdo,evé Ittie hope for improvement within this Tramework. But our
&oposed system can deliver signals of quality comparable

without any form of network QoS guarantees. We propos that of th “optimal” ¢ hile at th i
a system whose most salient feature is a network/coder intt}.hat of these “optimal” systems, while at the same time

face which plays a role analogous to that of a Leaky Buckeft"."tISfyIng tight real-time delay constraints.
it specifies traffic-shape constraints which ensure that, if the
source complies with the traffic specification, then the network ACKNOWLEDGMENT
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support QoS based on reservations (such as the RSVP protocol
[42]), or based on obtaining fair bandwidth allocations (such as
per-flow queueing mechanisms [7], or per-flow dropping mech-
anisms [19]), which specifically require maintaining per-flow
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