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Optimal Smoothing for Guaranteed Service

Jean-Yves Le Boudedlember, IEEEand Olivier VerscheureMember, IEEE

Abstract—We consider the transmission ofvariable bit rate R 0 g
! . ; R() @ g ® R(t-Dy)
(VBR) video over a network offering a guaranteed service such as encoder —'[ smoother —y—>c —>:ﬂ]ﬂ]] decoder
ATM VBR or the guaranteed service of the IETF. The guaranteed decoding buffer
service requires that the flow accepted by the network has to be guaranteed srvice network

conforming with a traffic envelope o; in return, it receives a ser-

vice guarantee expressed by a network service cury@ Functions Fig. 1. Scenario and notation used in this paper.

o and 3 are derived from the parameters used for setting up the

reservation, for example, from the T-SPEC and R-SPEC fields o o ) .

used with the resource reservation protocol (RSVP). In order to proach for achieving this is calledte control It consists in
satisfy the traffic envelope constraint, the output of the encoder is modifying the encoder output, by acting on the quantization pa-
‘;_et?e;%aissT&(ﬁgggrt%‘ésﬁs'%h";'tzestalrgrek.'O;k‘tﬁgegg-st}rnh;igisut'ﬂgg rameters. Rate control is a delicate issue in video coding since it
decoder waits for an initial playback delayand reads the stream ;lgnlflcantly affect_s the video qua]lty. An alternative approach
from the receive buffer. We consider the problem of whether there 1S t0 sSmooth the video stream, using a smoother fed by the en-
exists one optimal strategy at the smoother which minimizes the coder [3]. In this paper we focus on the latter scenario.
playback delay and the receive buffer size, given the traffic enve- A number of results exist on smoothing. In [3], smoothing is
lope o and the service curves. We show that there does exist such gt,died from the viewpoint of reducing the required network re-

an optimal smoothing, and give an explicit representation for it. . . .
We also obtain a simple expression for the smallest playback delay sources, with the assumption that connections are of the renego-

and playback buffer size which can be achieved over all possible tiated constant bit rate (CBR) type. Optimality is sought in the
smoothing and playback strategies. We show that the computation sense of reducing the variability of the connection rate. In [4]
of optimal smoothing and minimum playback delay do notdepend  the authors go one step further and address, among others, the
on the past. We show that separate delay equalization is optimal in jsge of minimizing playback delay and buffer, for the case of a

the constant bit rate (CBR) case, but not otherwise. We also apply - .
the theory to the analysis of which T-SPEC should be requested by CBR connection. They also study the cascaded scenario where

a source-destination pair, given some playback delay and buffer playback and smoothing iS_ performed at multiple points,_ typ-
constraint, and given the path characteristics advertised in RSVP ically as would occur with internetworking. Our results differ

PATH messages. from these in two directions. First, we are interested only in
Index Terms—Network calculus, playback delay, video trans- the end-system viewpoint, assuming that the sole information
mission. obtained by a source is what is available by signalling or by a

protocol such as RSVP. Second, we focus on VBR rather than
CBR or renegotiated CBR. Moving from CBR to VBR requires
some sophistication in the method, which we try to use parsi-
WE CONSIDER the transmission ofariable bit rate  monously. In [4], the authors find a representation of the latest
(VBR) video over a network offering a guaranteed segptimal smoother output in the particular case of a CBR traffic
vice such as ATM VBR or the guaranteed service of the IET&nvelope and a null network. As discussed in Section 1I-C, we
[1]. The guaranteed service requires that the flow produced fjyq a generalization of this result to the VBR case; we also give
the output device conform with a traffic envelope namely 3 simple, physical interpretation of this result in terms of time
over any window of size, the amount of data does not exceeghyersion.
o(t). With the resource reservation protocol (RSVB),is One smoothing strategy is callsthaping(it is called “op-
derived from the T-SPEC field in messages used for setting g 3| shaping” in [5]). It consists of putting the encoded flow
the reservation, and is given by(¢) = min(M + pt,7t +b),  R(¢) into a buffer, and outputting bits as soon as doing so does
where M is the maximum packet sizé} the peak rate; the ot violate the arrival curve constraint. It is shown in [5] that an
sustainable rate anflthe burst tolerance [2]. The function  gptimal shaper minimizes the buffer requirement and the delay
is also called an arrival curve. experienced in the smoother. However, a shaper is optimal only
In our framework, the video source must thus produce & the sender side. In this paper we consider another problem,
output conforming with the arrival curve constraint. One aRramely, we would like to minimize the playback delByand
the buffer size at the receiver. Another difference with shaping
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example of such a function, for an MPEG-2 video sequencéhe latesttime at whiclverypacket of the flow should be sched-
The smoother output must satisfy the traffic envelope constrairied. As a consequence, we show that the size of buffer required
given by some functiow negotiated with the network, which at the decoder with solutioR’ is also minimum. The optimal
can be expressed #(t + u)— R'(t) <o(u) for all w > 0. At outputR’ is given by
the destination, the receiver stores incoming bits into a decoding ___ _
buffer before passing them to the decoder. The decoder startsf?(t) = sup {R(t+u+v— D) —o(u) — B(v)}.
reading from the decoding buffer after a delayand then reads 20020
the decoding buffer so as to reproduce the original signal, shiftedir result shows that there is no smoothing strategy which
in time. Thus the output of the decoding buffer is equakié— can do better than the bounds, and the bounds can be attained.
Dy), whereD; is equal toD plus the transfer time for the first Now the optimal solution which attains the bounds requires
packet of the flow. The delay is calledplayback delayat the the knowledge of the entire encoded sequefitg, which for
receiver. very long sequences is not practical. However, this can be used
We are interested in scheduling strategaghe smoother as a benchmark for evaluating practical scheduling strategies.
which minimize the playback delay and the required decodingOur study is restricted to the guaranteed service; we do not
buffer sizeat the receiverWe allow the smoother to performconsider other frameworks, such as the best effort of the dif-
some look-ahead (also called prefetching), namely, we do rietentiated service of the IETF, where multiple video streams
require thatR’(t) < R(t). Look-ahead is commonly used withwould share the same resources without individual guarantees.
prerecorded streams, for which the smoother is composed offhe paper is organized as follows. Section Il derives the main
both a disk server and a scheduler. results. Section Il gives applications to some practical cases.
We assume that the network offers to the fl&va guaranteed We first show that the computation of optimal smoothing and
service, such as defined for example by the IETF. ®allt) the minimum playback delay do not depend on the past. Second,
cumulative function at the output of the network. The transfowe show that the minimum required buffer size at the decoder
mationR* — R* can be decomposed into a fixed delay, and@pends only on the minimum traffic envelope of the original
variable delay. Without loss of generality, we can reduce to tk@nal, whereas the minimum playback delay depends on the
case where the fixed delay is zero, since it does not impact twmplete signal. Then we compare the theoretical optimal solu-
smoothing method. The variable delay is due to queueing in, fiiwn found in Section Il to another strategy based on delay equal-
example, guaranteed rate schedulers. The relationship betwigation. We show that in the CBR case, the latter is able to attain
R’ and R* cannot be known exactly by the sending side, behe optimal playback delay; in contrast, in the VBR case, this
cause it depends to some extent on traffic conditions; howeviergenerally not true. Lastly we consider the problem of which
the guarantee provided by the network can be formalized byTeSPEC should be requested by a source—destination pair, given
condition of the form [6], [7], [5], [8] the playback delay and buffer constraints, and given the path
characteristics advertised in RSVP PATH messages. This is dif-
Vt>0,3s <t, suchthatR"(t) > R'(s) + #(t—s). (1) ferent from the analysis of feasible arrival curves [10] in that
we consider the allocation of the arrival curve on a given Intserv

In the cor_1d|t|_on,/3 IS a functlo_n, called the ne_twork Service ath, for which the path characteristics are known. We think that
curve, which is negotiated during the reservation setup phase

For example, the Internet guaranteed service assumes the for'ﬁais a real problem with which a source is confronted when
B(t) = p(t— L)t whereL is called the latency andthe rate. It using the guaranteed service.

is further assumed that the latency paramételepends on the
rate p according toL. = (Cy/p) + Do for some constant€y
andDg. With RSVP, the values af; and.Dg are contained in A. Formal Definition of the Admissible Smoother Output

the AD-SPEC fields [8], [9]. We consider smoothing strategies consider again the model illustrated in Fig. 1. Assume first
that ignore the details of the network, but do know the serviggat we fix the value of the playback deldy. The job of the

Il. OPTIMAL SMOOTHING

curves. _ _ smoother is to produce an output whose cumulative function is
Our main result can be summarized as follows. First, thejg e take as time origin the beginning of the operation of the

exists a minimal playback delay. It is equal to smoother, thus we must have

D=inf {t > 0u> 0,0 > 0: R(utv—1t) < o(u) + A0} R =0, ift<o. @)

We also give in this paper a simple formula to complte \we assume thaf?’ is constrained by the traffic envelope
in practical cases. Second, there exists one smoother alitpupamely

which is optimal in the following sense. Consider some other

smoothing strategy, using a playback delBy and with re- R(t)—R/(s)<o(t—s), foralls<t. ©))
sulting function®’. SinceD is the minimum playback delay, we

must haveD > D. Then, necessarily' (t) > R/ (t—(D—D)). We also assume that the network offers a service careethe

In other words, if we time-shift the optimal solutigif so that flow, namely, (1) is satisfied. Itis more convenient to rewrite (1)
the first packet for this solution is played back at the same tind follows

as the first packet for the other solutidti, thenR’ is, at every . .

time instan?, no earlier thaR’. The optimumP’(t) thus gives R(t) 2 nggt (R (s) + 5t = 5)}- (4)
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As a convenient notation, the right-hand side in (4) is also tra-
ditionally written as(R’ @ 3)(t), and is called the “min-plus”
convolution of functions®’ and/3 [5], [11], [12], [7]. This gives

the equivalent writing for (4) as

RY(t) = (R @ B)(1). ®)

The system must also satisfy the real-time constraint at the
decoding buffer. This is expressed by

R*(t) 2 R(t — Do — D) (6) 100 200 300 400

where D is the playback delay and), the transfer time for @
the first packet of the flow. Now we assume that the smoother
cannot know the individual packet delays, but only the network 10000 D /,/"f
service curve’. Thus,R’ must be such that (6) is true fany
realization ?* satisfying (4). Now remember that we have re- R(t) "

duced our study to the case where the fixed part of the transfer esooo 2 (0 ® B)(t)
delay is zero. Consider a particular realizati®h such that the &
first packet has a zero transfer delay, and for the rest (namely
t > t; = the arrival time of the second packet) satisfies the 2000
worst caseR*(¢) = (R’ ® 3)(¢). Thus for allt > 0 we must o

have 100 200 300 400

(R ®B)(t) = R(t — D). 7 ®
Fig. 2. MPEG-2 trace used as illustration. (a) Number of RTP packets per
Conversely, if this equation holds, then cleaRy(t) > R(t — frame, or, equivalently, per 40 ms timeslot. (b) Cumulative functift)

T ; e :ofinjcounted in packets per timeslot (thick line), as well as the min-plus convolution
D) 2 R(t Do D) andthus the real time condition is SatISfledff @ (3 of arrival and service curves (thin line). The minimum playback delay

In summary, the constraint for the smoother is to produce @ = 2.05 seconds) is indicated by the arrow.
outputR’ which satisfies simultaneously (2), (3), and (7).

8000 -~

4000 7

B. Minimal Playback Delay

The first result in this paper is the following theorem.

Theorem Il.1: There exists one minimum value of the play-
back delayD for which the smoother (2), (3), and (7) have a
solution. It is given by

D =inf{t > 0[Vu > 0,v > 0: R(u+v —t) < o(u) + B(v)}.

. . . . Fig.3. Definition of horizontal deviation for two functiomsand3. Determine
The proof of the theorem is given in [13]. We give a numerical;) for all + by drawing the horizontal distance fromto /3. The horizontal

example later in this section (see Fig. 2). We now discuss theviationa(a, 3) is the maximum of alk(t).
content and the implications of the theorem.

The theorem gives the smallest value of the playback delgyfine in the Introduction, with traffic envelope Assume that
that can be obtained by any smoothing strategy satisfying thes 5 “good” function, namely sub-additive, as explained for
arrival curve constraint, given that the network service CUNV€gyample in [5]. The arrival curves used with RSVP or for ATM
guaranteed to the flow j$. The minimum delay) can be better /g connections are good functions. We know from [5], [8],
interpreted using the concept of horizontal deviation [8], whighy that, if the input flow to the shaper i§(¢), and if the shaper
we now recall. Fig. 3 gives an intuitive definition. _is large enough to avoid losing data, then the output is equal to

Definition 11.1: For two functionsy and 3, define the hori- (o ® S)(t). Thus we can interpret © § as follows. Imagine
zontal deviatiom(e, 5) by a flow with cumulative functionS(¢) = j3(¢); put this imagi-

h(a, ) = sup (inf{T: T > 0 anda(s) < A(s +T)}). (8) nary flow into a shaper in order to make it conform to the traffic

520 enveloper. The resulting shaped flow is ® 4. Then the min-
Itis sh in 1131 that th | f the mini lavb imum playback delay achievable with a look-ahead smoother is
is shown in [13] that the value of the minimum playbacky, 1,,ri7onta deviation between the original sigik) and

delay D in the theorem is given by the curve(o © 3)(#)

D =h(R,o&p). 9) Numerical Example:We now illustrate the result on a
numerical example. We consider a video sequence encoded
In the formula,s ® 3 is the min-plus convolution defined as inwith MPEG-2, transported over UDP and IP using the real-time
the discussion following (4), and which can be interpreted as fatansport protocol (RTP). Our example is a 400-frame-long
lows [5], [8], [7]. Consider for a second a hypothetical shaper, asquence conforming to the ITU-R 601 format. The sequence
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is composed of three video scenes that differ in terms of spatial bits
and temporal complexities. It has been encoded in an open-loop R(t) R(t)
VBR mode. For this purpose, the widely accepted TM5 video
encoder has been utilized. Fig. 2 shows the trace we use. We X
apply Theorem 1.1 with the following parameters. The arrival
curve has the forna(¢) = min(M + pt,rt + b) given in the >
Introduction. As usual} is the maximum packet size, thus
is equal to one packet. The peak and sustainable rates are,
respectively, the peak and the average rates of the MPEG-2
stream £ = 4.38 Mbits/s and- = 2.7 Mbits/s). The burst
toleranceb = 332 packets corresponds to roughly 1 Mbit. The
service curve is as with the Internet guaranteed service, with
a latencyL and a ratep equal to, respectively,s (25 frames)
and 3 Mbits/s (slightly more than the average bit rate but less
than the peak rate).

In the case where the arrival curgeand the service curve (b)
B have the standard form used with the Internet integrated sgfy. 4. optimal smoothing. (a) Computation & (¢) from the encoded
vices, the computation d can be simplified as follows. signal R(t). The minimum playback dela® is the point whereR—(—t) hits

Proposition 11.1: Assume that the arrival curve has the O (P) For any admissible smoother outdt(#) with playback delayD, the

. . shifted versionR —(t — D) is no earlier tha?’.

form o(t) = min(M + pt,rt 4+ b), and the service curvg
has the forma(t) = p(t — L)™. For a given signaR(t), the
minimum playback delay) = h(R,a ® 3) is also given by

R(t-D)

time

every time instant, no earlier thdti. The shifted optimal output
R/(t—(D-D)) = R~ (t— D) thus gives the latest time at which
D = sup {F(R(t)) — t} everypacket of the flow should be scheduled. Fig. 4 illustrates
t>0 ) this.
with F(k) = L+ max((k — M/p), (k — b/r), (k/p)). Representation of Optimal Smoother Output with Time Inver-

The proof is given in [13]. This shows that the complexity op'on: The shn‘ted optimal outpuft™ can _be compute_d using
its definition; however, we can reduce its complexity with a

mputingD i wheren is the number of samples in the,.” ~ . . . ) .
computingl) is O(n), wheren is the number of samples in t etlme—lnversmn transformation. At this point we need to intro-

trace R(¢). duce a classical min-plus construct, called min-plus deconvolu-
C. Optimal Smoother Output tion, noted, and defined [14] by
So far we have given a result for the minimum playback delay. (£fD9)(t) = sup {f(t +u) — g(w)}. (10)
uwCR

We now show a more global result, namely, there exists one
smoother output which is better than any other output, at ate thatf &g may be nonzero for negative times even if this is

time instant, in a sense which we define now. not the case fof andg. With this notation, the functio®~(¢)
Definition 11.2: For a given signak(t), defineR™(¢) forall  can be written in a more compact way&s = RO(c @ ).
t € R by It is shown in [13] that min-plus deconvolution can be com-
—n _ _ puted easily by means of time inversion. Thits, can be com-
B(1) = u;’(}fzo LBt +utv) = ow) = fv)}- puted as follows. First invert time; then compute, in the in-

) o verted-time domain, the min-plus convolution of the resulting
Note that, unlikeZ, the function/i™ is nonzero even for Some fynction on one hand, af @ 3 on the other hand; lastly, invert
negative times. After appropriate time-shifting;” is the op-  time again and obtai® . Fig. 5 illustrates this representation

timal smoother output, as the following theorem shows. o 4 very simplified scenario. The sign&lt) consists of one
Theorem I1.2: This theorem is divided in two parts: large burst of3 bits at timef, and the network offers a constant
1) The minimal delay defined in Theorem 1.1 is the smallegfelay (null network case; thus we drggn the rest of this ex-
t such thatR—(—t) < 0. ample). This scenario is extreme, but it represents an interesting
2) For any admissible smoother outphit, with playback limiting case. The figure shows the shifted optimal smoother
delayD, we have, for alt > 0, R'(t) > R™(t — D). outputR~ = RPo, assuming the arrival curve has the stan-
The proof is given in [13]. We can interpret the theorem afard formo(t) = min(M + pt,rt + b).
follows. The first item relates the minimal deldy to the op- In [4], the authors find a representation of the optimal

timal output. It says thabD is the smallest time shift which is smoother output in the particular case of a CBR traffic enve-
necessary to make the flow described By start at time 0. lope and a null network. Their representation can be easily
Second, note that, sinde is the minimum playback delay, we interpreted as the time-inverted signal, shaped to a CBR. Thus,
must haveD > D. Now call R’(t) = R~ (¢t — D) the optimal their representation is a particular case of our result.

output, namely the shifted version & that starts at time 0. Required Buffer at the DecoderConsider now the buffer
Then the theorem means that if we time-shift so that the size that must be provisioned at the decoder. Remember that we
first packet for this solution is played back at the same timean remove any fixed delay. Thus, for a given scheduler output
as the first packet for some other solutidt, then R’ is, at R'(t), all we can know about the decoder input decaBéris
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bits R(t) cuit-switched service, or, as an approximation, with ATM CBR
B services if the delay variation if very small. In our framework,
R a constant delay network is equivalent to a null network.
< The null network case is a straightforward application of the
W f general case, by letting(t) = +oo for all ¢ > 0. Equivalently,
el 0 T simply removes from all formulas: for example, the minimum
(@) playback delay becomes
s D"
B 0 D = h(R,0) = inf {t > O]Vu > 0: R(u — £) < o(u)}.
(820)(1) For a circuit-switched network service, is given byo(t) =
Tt ct, wherec is the bit rate of the circuit or the peak rate of the
T > CBR connection. Thus, applying Proposition II.1, we obtain the
®) minimum playback delay for a flowk(¢) transmitted over a
circuit with ratec:
Fig. 5. (a) Bursty scenario for delay equalization, showiR¢) and the
§hiftepl oppimal sm_ootheroutpﬂ* for this scena_irio. (bR~ (t)is c_)btaine‘d by ECBR = sup {R(t) - t} _ —ER(C)
inverting time. DefineS(t) = R(T) — R(T — t); the curve forS is obtained >0 c c

from R by a rotation of 180 around the cente(1'/2), (R(T)/2)). Obtain

S ®@o by shapingS according to the arrival curve(t) = min(M +pt, rt+b). . . . .
ThenR=(#) = (5§ @ 0)(T) — (S @ o)(T — t) is obtained by inverting time whereR(z) = inf;>o {xs— R(s)} is the concave conjugate of
again. R.

that R(t — D) < R*(t) < R'(t). The decoder buffer content [Il. APPLICATIONS
at some timet is R*(t) — R(t — D). Thus the buffer size that
must be provisioned isup,~, {R'(¢) — R(t — D)}. A simple
examination of Fig. 4 shows the following corollary. The previous section has shown that there is one optimal
Corollary 1l.1: The buffer size that need to be provisioned &&cheduling which minimizes the decoder buffer and playback

the decoder is minimum for solutio’(t) = R~ (¢ — D). Itis delay. In this subsection we give some insight into the optimal

A. Optimal Smoothing versus Optimal Shaping

equal to smoother output that leads to this solution. To that end, we re-
_ B strict our discussion to the null network case, and compare the
X = sup {R (1) - R(1)} optimal smoother output to another scenario called shaping [5].

Optimal shaping is the standard method used to make an ar-
bitrary flow conform to some traffic envelope A shaper, with
shaping curver, is a system which takes a flow as input, pos-
We show in [13] that the formula foK can be interpreted in sibly keeps the bits in a buffer, and outputs the bits in such a way
terms of network calculus abstractions, which leads to the fahat the output conforms to the traffic envelopeAn optimal
lowing simplification. shaper is one which sends the bits as early as possible. A well

Proposition 11.2: Assume that the arrival curve has the known example of optimal shaper is the leaky bucket controller.
form o(t) = min(M + pt, rt + b) and the service curyg has For an optimal shaper with input functidi, the outputR’ is
the formg(t) = p(t — L)*. For a given signaR(t), the min- given byR'(¢t) = (R @ o)(t). The formula is true under the as-
imum buffer that needs to be provisioned at the decallels sumption that is sub-additive (namely(s+t) < o(s)+a(t))
also given by ando(t) = 0for ¢t < 0. It is known that these technical con-
ditions ong are not a restriction, since any arrival curve can
be replaced by one which satisfies them. The arrival curves de-
fined for Internet integrated services or for ATM and mentioned
whereA(t) is the empirical envelope fak, defined by above do satisfy these assumptions, as do any concave arrival

A#) = ngé (R(t+u) — R(u)}. curves [8]. It is known that an optimal shaper minimizes buffer

= sup {RE+u+v)— R@E)—ou)— B}

(t,u,v)>0

X = igg {A(t) — min[o(t — L)*, (0]}

and delay on the shaper side.

. Back to our original problem, consider the optimal smoother
The complexity of computing{’ with this method isO(n?), output in the null network case. More precisely, let us focus
wheren is the number of samples in the tralét). In [13] we on the time-shifted functiod?—(¢) given in Definition 11.2.
give an alternative method using the time-inversion representssing min-plus deconvolution recalled in (10), we can write

tion, which has a complexity ab(n). It is the same represen-R~ = R@o. We call optimal smoothinghe transformation
tation as in [4], Section IV-A, for the particular case of a nulR — R@o. There is some similarity with the transformation
network and a CBR traffic envelope. associated with an optimal shaper. Indeed, for a shaper with

service curver (with o sub-additive and (0) = 0), the output
D. Null Network Case is equal toS @ o [5], [8] if S is the input. The transformation
Consider the case where the network service providesSa— S is also a smoothing operation, and like the other
constant transfer delay. This occurs for example with a cione, it is idempotent, namel§SZo)Jo = STo.
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Fig. 7. The two traces have the same envelope, thus the same minimum buffer
requirement (here, 928 KB), however the second trace has its bursts later, thus,
has a smaller minimum playback delay{ = 2.05 s versu®; = 2.81 s). The
example is for the same network parameters as Fig. 2.

o s o w0 =0 2w amw = a0 40 s large bursts located at the end of a sequence tends to disappear

Frame number

if the sequence is long. Thus, a sub-optimal smoothing strategy
Fig. 6. Example of optimal shaping versus optimal smoothing for one MPERased on limited look-ahead should be able to provide results

trace. The example is for a network with constant delay, for a traffic envelopggse to the optimal. A detailed analysis of this statement is the
with M =1 MPEG TS-packef =4.8 Mb/sp =80 KB, r = 2.4 Mb/s. The figure .
object of future research.

shows the optimal shaper [resp. smoother] output and the original sit{inal
shifted in time appropriately. The playback delay is 2.76 s for optimal shaping
and 1.92 s for optimal smoothing. B. Playback Delay versus Decoder Buffer
Let us consider again the required buffedefined in Corol-
Since optimal smoothing minimizes buffer and delay requiréary 11.1. We can rewrite the equation in the corollary ¥s=
ments at the decoder side, we should expect in general thatip,>o {A(t) — [(c @ B)()]}, where A(t) is, as defined in
smoother that would be implemented by shaping the encod@position 1.2, the empirical envelope f8(t). Thus, the min-
flow R(t) (thus producing a functio®®’ = R @ o) will yield imum required buffer depends only on the empirical envelope
a larger playback delay and buffer requirement at the decodéft) of the original signal. This means that two sequences with
Fig. 6 shows one example. the same envelope, but which distribute their bursts at different
Note that a smoother that would be implemented as a shafigres, have the same minimum required buffer.
would first read the bits in its buffer in real time as they are pro- In contrast, the minimum playback delay, as given by (9),
duced by the encoder, before delivering them to the network. \ees depend on the complete sequence, and not on the traffic
say that optimal shaping @ausal the scheduling of packets re-envelope. Fig. 7 shows two sequences with the same envelope,
quires only the knowledge of the present and the past, andhgs the same required buffer, but with different minimum play-
independent of the future. In contrast, the optimal smoother caack delays.
look ahead, and this is what allows it to obtain a smaller play- ) ) o
back delay; the optimal smoother output needs to know the fg: Comparison with Delay Equalization
ture of the signaR(t) in order to determine the optimal sched- A common method to implement a decoder is to first re-
uling. move any delay jitter caused by the network, by delaying the
Now the representation of optimal smoothing with min-pluarriving data in a delay-equalization buffer; then we use a play-
deconvolution gives us more insight. It is shown in [13] thatack buffer to compensate for fluctuations due to prefetching. If
min-plus deconvolution can be obtained by min-plus convoltihe delay equalization buffer is properly configured, its combi-

tion, after time inversion. In other words, if we cal{¢) = nation with the guaranteed service network results into a fixed-
R(T) — R(T — t), whereT is the end of the trace, then thedelay network, which, from the viewpoint in this paper, is equiv-
optimal smoother outpuk~ = RJs is equal to the time-in- alentto a null network. Compared to the original scenario in Fig.

verted version of5 ® o. Fig. 5 illustrates that this correspondsl, we have now separate buffers for delay equalization and for
to a rotation of 180 around the point(7'/2), (R(T)/2)). Since compensation of prefetching. We would like to understand the
S @ o can be interpreted as the result of optimal shaping ajpapact of this separation on the minimum playback delay. The
plied to .S in the inverted-time domain, it follows that optimaldelay equalization buffer operates by delaying the first bit of
smoothing isanticausal This means that the computation ofdata by an initial delay)’, equal to the worst-case delay though
the optimal smoother output isdependent of the past and thethe network. CalD’ the initial delay at the decoding buffer. The
present and depends only on the future of the signal. Thus, total playback delay for this scenarioiis + D’ . Of course, we
some sense, minimizing the playback delay is based exclusivatyst havelD’ + D" < D, whereD is the playback delay for the
on the ability to look-ahead in the original encoded sigRél). optimal smoother of the original scenario, since we have proven
Another implication is the following. With an optimal shaperthat D is the minimum playback delay that can ever be obtained.
the effect of a large burst at the beginning of a sequence tend3tws, we should expect that, at least in general, separate delay
disappear with time. Thus, we have a converse result for optinegjualization is not optimal. However, we can get some more in-
smoothing: the influence on the minimum playback delay aight, as follows.
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First, in order to understand where nonoptimality might com@one during the reservation phase and cannot be known exactly
from, consider again the simplified scenario illustrated on Figh advance.
5 (in the rest of this discussion we c&l, what is shown a$t™ We consider the following problem. Assume that an input
on Fig. 5). We simplify the rest of the discussion by considerirfgpw and a fixed maximum playback delayare given. Assume
the limiting case where = +oc andM = 0. From Theorem that source and destination are able to agree on what reservation
1.2, the pure playback dela®” is the value shown on the figureshould be done, by some out-of-band mechanism. The ques-
and is equal td"” = (B — b/r) — 6. The buffer equalization tion is: which choices of(t) = min(M + Pt,b + rt) and
delayD’ is the worst-case delay obtained when the input to tled 7, are admissible in order to guarantee that the reservation
network isR, ; assume that the network service curve has thieat will subsequently be performed ensures a playback delay
standard fornB(¢) = p(t— L)*. Itisequal taD’ = L+(b/R). not exceeding\. Note that this problem is different from the
The minimum playback dela# is given byD = (B—b/r)—6  problem of which arrival curve(t) = min(M + Pt, b+ rt) is
and, finally admissible [10], or of the tradeoff between burst tolerance and
rate allocations. Indeed, in our case, we consider the allocation
D+D' =D+ E (11) of the arri_va_l curve on a given In_tserv path, f_or which the path
characteristics are known. We think that this is the real problem

. . . .__.. . towhich a source is confronted when using the guaranteed ser-
Thus, with this scenario, separate delay equalization mdeedg 9 9

gives a larger overall playback delay. A detailed examination

of the formulas shows that if we combine delay equalization The solution to this problem is detailed in [13]. The result
y ed IS, a procedure to test whether a choice of paraméters, ) is

and compensation for prefetching in one single buffer, then, i . : )
the smoother output is optimal, the playback delay accounts Foormpauble with the playback dela, as follows:

burstiness only once. This is another instance of the “pay burgtttgrlven are a traffic envelope, a playback .de_lay budget,
B get network dela¥y, and path characteristic%,, Dg. The

only once” phenomenon [2], [8]. algorithm is as follows:

Second, (11) suggests a different outcome for the &as@, '
namely, the CBR case. We now consider that case in a gen-* If To 2 AorD < DoorTy < Do—(b—M/p—r)then
eral setting, namely the sign&l(¢) has its general form, not (o, Tp) is not admissible, _
just the special case mentioned previously. We assume thus that €lse compute, as the only positive solution d&(p2) +
the arrival curve is of the fornz(t) = A.(t) = ¢, this is p2(A — Do) —Co = 0, whereR(p) = inf,, {pu— R(u)}.
the case for circuit-switched services, for a guaranteed service If r > (b+ Cy /T — Do) then do the following. If- > p2
flow with burstinessh = 0, or for an ATM CBR connection. then (s, Tp) is admissible else not.
Assume as previously that the network service curve has thee Else (namely ifr < (b + Cy/Zo — Dy)), then compute
standard form3(¢) = p(t — L)™. For this case, the pure play- p1 = (rto + b+ Co/to + 1o — Do), wherety = (b —

back delayD” is now the horizontal distanc®” = h(R, A,.). M/p — r) and do the following. If bothp; > p, and
The buffer equalization dela)’ satisfiesD’ < L, and fi- R(r) + (A — Do) + b — r(Co/ max(py,7)) > 0 then
nally the overall minimum playback deldy is horizontal dis- (0,Tp) is admissible, else not.

tanceD = h(R,\. ® B3). If we assume thap > r, then it
is simple to show thaf\,. ® 3)(t) = »(¢t — L)* and thus
h(R, A\ ® ) = L+ h(R,\,). Thus finallyD = D' + D", IV. CONCLUSION
in other words, for the CBR case, separate delay equalization i

able to attain the optimal playback delay. ?Ne have analyzed the scenario where a multimedia source

uses the guaranteed service; the flow is assumed to receive a cer-
o . tain fixed network service curve, but has to comply with some
D. Determination of Optimal T-SPEC traffic envelope. We are interested at minimizing playback delay
The Internet guaranteed service assumes that every nodeaofd required buffer at the decoder. In this context, we found
fers a service of the form¥(t) = p(t — L)™ for some latency that there exists one minimum playback delay, and obtain one
L and ratep, and further, that the latency paramefedepends scheduling strategy at the source which achieves this minimum.
on the ratep according tol. = (Cp/p) + Dy. Using the IETF This strategy is also the one that sends data as late as possible.
terminology, p is contained in the list of R-SPEC parameterd/Ve have given explicit formulas to compute all elements of the
The constant€’y and Dy depend on the route taken by the flowstrategy for practical cases. This result is of fundamental nature;
throughout the network. They are both determined during titds explicit and easy to compute, however, it assumes a com-
advertisement phase (in the PATH messages, assuming roufitege knowledge of the entire signal. Nonetheless, the existence
does not change with the traffic parameters). The patgro- of and the expression for an explicit optimum is a fundamental
vided by the network, is not know priori by a source, it is result which can be used to analyze practical scheduling strate-
discovered during the advertisement phase using PATH meggs.
sages, and accumulated in the AdSpec. With the guaranteed sefhis result also gives us insight into some system aspects.
vice, a source advertises an arrival cusvef the forms(¢) = We have obtained the optimal scheduling strategy as the re-
min(M + Pt,b+ rt), and destinations choose a target admiserse time equivalent of optimal shaping. This leads us to the
sible network delayl,. The choice of a specific service curveconjecture that scheduling strategies based on a limited amount
B(t) = p(t — L)* (or equivalently, of a rate parametgy is of look-ahead should be close to optimal in practice. This also
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