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Probabilistic Burstiness-Curve-Based
Connection Control for Real-Time
Multimedia Services in ATM Networks

Song Chong and San-qi LMember, IEEE

Abstract—n this paper we present a method to establish real- node in the route. Obviously, the determination (@f, o)
time connections with guaranteed quality of service (QOS), based strongly depends on the traffic characteristics and QOS re-
on a per-sessiorprobabilistic burstiness curvgPBC). Under wo ¢ jirament of the session. In allocating network resources, there

distinctive service disciplines rate proportional processor sharing . t tradeoff bet d For inst ducti
and fixed rate processor sharingwe derive useful probabilistic exists a fradeoll betweea and p. For instance, reduction

bounds on per-session end-to-end loss which is caused by eithelof buffer space can be achieved by increase of transmission
buffer overflow in the path or excessive delay to the destination. bandwidth, and vice versa, as long as QOS is not violated.
One remarkable feature of the bounding solutions is that they are The burstiness curveof a session can be defined either
solely determined by the PBC of each session itself, independentyaterministically or probabilistically. In the deterministic def-
of the network environment and other connections. To improve . .. : o .
network resource utilization, our method is extended to allow Inition, the_ traffic of ef"l(fh 5353'9” is viewed as a deter_m.ml'stlc
statistical sharing of buffer resources. The admission control rate functionz(¢) of finite duration. Then, the deterministic

scheme presented in this paper has a great flexibility in connection burstiness curve (DBC) is defined by
management since bandwidth and buffer allocations can be adap-

t
tively adjusted among incoming and existing sessions accordin
to p?leseg]t network regsource avgilability. We %Iso present a noveIg 7= JQ?%% [/ w(r)dr = p(t = s)|, pe(ap] (@)
method to compute the PBC of multimedia traffic based on the
measurement of two important statistics (rate histogram and Where a and p are the average and peak rates of each
power spectrum). Our study of MPEG/JPEG video sequences session. Such a deterministic traffic description has been used
reveals the fundamental interrelationship among the PBC, the jn [2]-[6]. Similarly, we introduce a probabilistic burstiness
traffic statistics, and the QOS guarantee, and also provides many .6 (PBC) to allow stochastic traffic which is modeled
engineering aspects of the PBC approach to real-time multimedia . . . .
services in ATM networks. by a stationary random process. Applying this random input
process to a single-queue, single-server work-conserving sys-
tem (WCS) with transmission bandwidghand infinite/finite
buffer capacity, one can get the following steady-state queue
distribution as a function op:

o _ ) Prlgzolp],  p€(ap] )

NE OF THE MOST challenging issues in supporting

real-time multimedia communications in a high-spee@here the random variablg denotes the queue length. We
network is to provide quality-of-service (QOS) guaranteei@l! this function a PBC of an input process. Many approaches
to sessions. The QOS requirements of multimedia servid8${10]. [12], [13] have been developed to upper bound the
are typically stringent, and differ depending on media arf@il distribution of queue. Particularly in [8], Chang considered
applications. The function of admission control is to determirf arrival process whose moment-generating function is upper
whether or not an incoming session can be accepted athginded by a linear envelope process, which is viewed as a
requested QOS without violating QOS guarantees of ongoifigpchastic version of (1), and derived an exponential bound
sessions. In ATM networks, the QOS is mainly measured 18§ the tail distribution of queue. In addition, [8] proved the
end-to-end cell de|ay and loss performance_ equivalence between well-known effective bandwidth [12],

In this paper, each session connection is defme(qobv) [13] and the minimum envelope rate of feasible linear envelope

wheres and p represent, respectively, buffer space and trangtocesses. Givep, the theory of effective bandwidth [12],

mission bandwidth allocated for the session at each switchilg] also gives an upper bound of the tail distribution of a

_ , , , _queue in aregime whereis very large and the tail probability
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straightforward from (1), once the rate functieft) of each (o, p) pairs satisfying the session QOS constraints which is put
session is known. The computation of PBC requires stochadiig the session QOS requests. The concept of admissible set is
traffic modeling and queueing analysis. In stochastic traffig introduce a great flexibility to resource allocation between
modeling, there are two important statistical functions to hguffer space and transmission bandwidth at the connection
measured: rate histogranf(z) and power spectrun’(w) setup stage. According to present network-wide resource avail-
(equivalently, autocorrelation). The former describes traffgbi”ty, the admission controller selects a proper paitafp)
first-order statistics, and the latter captures traffic secongd- » 4nd reserves the corresponding resources. The QOS of

order s_tatistics. It is shown that the PBC in (2) is essentiallye gesgion is then guaranteed once the connection is set up.
d_etermmed byf(.a:).and P(w) .Of each session, whereas theI'he arriving session is blocked if none of the p)s in Z can
higher order statistics of session can be neglected to a certain

extent. Recently in [20], Li has developed an approach to t & ensured by the network. . .
construction of a Markov-modulated Poisson process (MMPP Anpther advantage of PBC—basgd connection control is
to match a wide range of(x) and P(w). The same approacht at .|t naturally' allows us to take into account the buffer-
is applied here in traffic modeling to reflect various statistic&'21ng effect in allocating network resources. Instead of
properties of real multimedia traffic (e.g., MPEG/JPEG videdllocating a segregate buffer to each connection at a link,
and PCM voice). Based on this Markovian traffic modeling’ﬂ,‘” of the interacting connections can statistically share a
the numerical solution of PBC is readily obtained by using ggPmmon buffer. It will be shown that the aggregate buffer
advanced queueing solution technique in Section IIIl. Our stugpace requirement can be substantially reduced by buffer
of MPEG/JPEG video sequences reveals the fundamerghfring without violating the probabilistic QOS guarantee of
interrelationship among the burstiness curve, #f{e) and each individual connection.
P(w) (particularly, the scene-to-scene autocorrelation), and theThe paper is organized as follows. In Section II, we define
QOS guarantee, and also reveals the limit of traffic smoothiggterministic and probabilistic burstiness curves, and derive
for real-time video services. bounds on per-session end-to-end delay/loss performance un-
Once network resources are allocated to each session @& hoth RPPS and FRPS service disciplines. In Section 11,
cording to its burstiness curve, one can bound per-sessiga introduce a novel traffic modeling technique to construct
end-to-end delay/loss performance. For sessions with DBCMMPP session model from the measurgd) and P(w),
the QOS is measured by the deterministic guarantee of 28R4 an efficient gueueing solution technique to obtain the PBC

loss and bounded end-to-end delay. For sessions with PBC(’J%% the MMPP model. Also, in Section Ill, these techniques
ed i) i)

QOS is measured .by t.he prObab'“St'C. guarantee of boun are applied to MPEG/JPEG video sequences, and the relation-
end-to-end loss which is caused by either buffer overflow I . . I . .
ip between the video statistics and the PBC is examined.

the route or excessive delay to the destination. Obviously, tﬁE Kis th rended in Section IV to admissi trol
per-session performance bounds depend on the type of ser\]} & Work IS then extended in Section 0 admission contro

discipline implemented at each switching node. Methodol§€Sign with improvement of network resource utilization by
gies have been proposed to compute per-session performa{ﬁg@er s.harlng and traffic aggregation. The paper is concluded
bounds under various service disciplines; [2], [3], and [5]-[#]' Section V.

studied deterministic bounds, and [8], [9], and [11] derived
probabilistic bounds. In this paper, we consider two distinc-
tive service disciplinesrate proportional processor sharing Consider an ATM network where routing is performed on
(RPPS) [2], [15] andixed rate processor sharingRPS) [3], a per-session basis. Each switching node in the network is
[4], both of which can provide tighter per-session end-to-ergssumed to be an output-buffered switch. Both RPPS and
performance bounds than FIFO service discipline. The onBRPS service disciplines are considered. A connection of
difference between RPPS and FRPS is that the former alloéssion is defined by a set of connection parameters, denoted
statistical multiplexing of different sessions, whereas the lattgy, {(¢m,™)|m € R;} whereR; represents a set of links in
allocates a fixed transmission bandwidth to each session. The route, ana™ and+™, respectively, denote bandwidth and

bound.analysis found in [2]_ apd_ [3] were based on DBGuﬁer allocations at linkn. To represent the same connection,
assuming RPPS or FRPS discipline. In [2], DBC was used. .55 use the notatio{rw(k) z/}(k))|k —1,2,..-,N;} where
to describe a leaky-bucket constrained session, whereas in superscriptk) represe;ns7 tr:eth link ir71 t7he r7outze andv.

DBC was used to directly describe a session as in this PaREr fired as the cardinality of the s, i.e., N; = |Ri|

. L . ) IS
W | h hin[2
e generalize the deterministic bounding approach in [2] a pee Fig. 1(a)]. The total transmission bandwidth and buffer

d
[3] to a probabilistic bounding approach based on PBC to , _ i~ m .
low probabilistic guaranteef both end-to-end loss and delay S3Pacity at linkm are denoted by."* and 5™, respectively.

An admission control scheme can be implemented bas@gaddition to such reservation-based connections, we assume
on PBC. Since the statistical functioffgz) and P(w) can that the network also supports best effort traffic which is
be collected from representative traffic streams, the PBC @jfher connectionless or connection-oriented without resource
each possible type of incoming sessions can be computed &@gervation requirement. Separate buffer space is assumed at
stored in advance by the network traffic manager. Wheneach link to temporarily store the aggregate best effort traffic.
new session arrives, the admission controller examines thd-et g7*(¢) denote the departure rate of sessiat link m at
corresponding PBC, and identifies tlaemissible set” of time¢. The RPPS service discipline ensures that if connection

Il. PER-SESSION END-TO-END PERFORMANCE
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Fig. 1. (a) RPPS/FRPS connection of sessiodefined by{((bgm u’)(.k))|k: = 1,2,---,N;}. (b) Single-queue, single-server work-conserving system

T

transmitting session with transmission bandwidthx; and buffer capacityls;.

1 is busy at linkm

g (1) = 2o ©

Z ¢5’n o~

jeQm

O =Mi-AY P

otherwise,g™(t) = 0. @™ denotes the set of all connections
“currently” being busy at linkm, including . Note that ]
the RPPS is work conserving among all reservation-based ' ' 5
connections. The background best effort traffic streams are P,

transmitted only when all the reservation-based connections
are simultaneously idle. In contrast, the FRPS discipline en-

sures that if connection is busy at linkm Priq.>o;lp,]
g"(t) = 7" (4) M
A\

. B ) -_- “
regardless of the other connections. Otherwj$¥t) = 0, and AR = e
the unused bandwidtp" is taken by best effort traffic instead Piy
of other reservation-based connections. Note that the FRPS is q
nonwork conserving among reservation-based connections. J.
We start by reviewing the deterministic per-session perfor- -

mance bounds of an RPPS/FRPS connection [2], [3]. In [2], the
DBC (1) is used to describe a leaky-bucket constrained session,
whereas in [3], it is used to directly characterize a session on
which no access control is imposed. Since the former approach
cannot upper bound “actual” end-to-end performance which (b)

must include the queueing performance at the leaky-buckgy. 2. Burstiness curve. (a) DBC. (b) PBC.
device, we take the latter approach. The analysis in the paper

assume that traffic is infinitely divisible, and hence viewed as : ) .
fluid flow. The set of suclio;, p;) pairs forp; € (a;,p;] is the determin-

Let z;(t) be the deterministic rate function of session istic burstiness curve, and a typical DBC is shown in Fig. 2(a).

with finite duration. When the session is transmitted through@€a'1y. oi is a decreasing function of;.

t 7 t i
single-queue, single-server WCS with transmission bandwidth-€t & and ™", respectively, denote the worst case

1i = p; and buffer capacity; = oo [see Fig. 1(b)], the queue €Nd-to-end backlog and queueing delay of sessioiwe
backlog at timet is described by use the accent in the notation to represent and-to-end

measurement. Defing™ to be the set of all of the connections
t on link m when a new sessiof requests its connection. If
¢i(t) = ocion] U i(T)dr — pi(t — 3)} (5 an RPPS connection of sessipiis set up with(¢i, 1) =
R (pi> oi),m € Ri, subject tog! + Tjcym ¢ < C™,m € R,
Then, the buffer space requirementf sessiori at each given then [2]
p; is equal to the maximum backlog which is expressed by

(Lyvorst < o, d’;vorst < 2 (7)
t Pi
0; = max [¢;(t)] = max {/ xi(T)dr — pi(t — s)} . (6) _ . _
t 0<s<t | Js If an FRPS connection of sessiois set up with(¢{"), ) =
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(pi,ai),(¢§’“>,¢§’“>) = (p;,0), k # 1, subject to¢™ + minimum envelope rate of feasible linear envelope processes.
Ejejm P < C™,m € R;, then [3] Given p;, the theory of effective bandwidth [12], [13] also
o gives an upper bound of the PBC in a regime whereis
=, (8) very large and the tail probability is very small. In summary,
pi the PBC is not those asymptotic bounds above which could be
For the FRPS connection, no backlog ever occurs in the roldeser and sometimes even low&], [14], but the exact queue
except at the first node since the bandwidth assigned at ed@tribution function which will be computed via a method in
node for the connection is fixed and identical. Furthermor8gction llI.
both RPPS and FRPS connections have zero loss because thnlike the deterministic session whose QOS is measured
buffers never overflow. The bounds (7) and (8) are derivdyy ahard delay bound with zero loss, the QOS of a stochastic
by fluid-flow queueing analysis which is acceptable for session is measured bypaobabilistic loss bound. Loss can
high-speed network with small-size cells. The practical celbceur either in the route by buffer overflow or at destination by
based implementation of RPPS/FRPS connections requieagessive delay (i.e., end-to-end delay greater thar A,).
small additional buffer space at each link to absorb cell-levBlenote the end-to-end loss probability of connectidn the
dynamics [2], [15]. route by B e @nd at the destination by, . Then,

In general, a user end-to-end delay consists of queueiip@ overall end-to-end loss probabili#; _ is defined by
delay, propagation delay, nodal processing delay, media copy = Pﬁbckmg + Pjaay Let P, be the user-specified
pression/decompression delay, and so on. Rebe the user QOS requirement of sessignon the overall end-to-end loss

end-to-end delay constraint of sessigrand assume that the propability. Then, the QOS of sessianis guaranteed by
overall nonqueueing delay is bounded ty For deterministic ensuring

QOS guarantee, i. ed“’orst < D;—A;, we must choosés;, p;) .
subject to(o;/p;) < D; — A;, which leads to the following H = Pblockmg + Pdelay <P (11)
admissible set for sessiain

~worst __ Fworst __
4q; = 04, d; -

The following proposition states the end-to-end loss perfor-
Z; = {(ei,pi)|os < (D; — Ay)pi (9) mance bounds for RPPS connections.

Proposmon 2: If an RPPS connection of sessiors set up
as illustrated by the thickened curve in Fig. 2(a). Upon a”'V%th m oy = (pi,07) and ¢t + Sjegm ¢ < O™ m €
(R 7 g bl

of sessioni, the network traffic manager is responsible tq% then
choose a prope(az,pz) € Z,; according to present network- ‘
wide resource availability, and the specific algorithm will Bl . < Prlg > min{o;, (D; — A)pi}wi = pi,
diff(;er depending on service provider’s policies such as pricing K; = o] (12)
and resource management strategies. b« Sl — o e —

Let us now consider a stochastic sessiovhose arrival rate Pitocking < Prlg 2 oilpi = piy i = o] (13)
x;(t) is represented by a stationary random process. Applyiggd
x;(t) to the WCS withy; = p; and K;, we define a PBC Pry >

rlg

. . o Di — A)pilpi = pi, Ki = ]
of session: by the following steady-state queue distribution . > (D i)Pi|Hi = Piy £ )

function: delay
0, if (.DZ - Ai)pi > N;o;

Prig: 2 ol = pi Kl pi € (s pi], o0 € [0, K] (10) where the value ofmin {o;, (D; — A)p;} is o; if o7 <
which is decreasing with respectdégandp;, as a typical PBC (D; — A;)p;, otherwise,(D; — A;)p;. The proof is provided
is illustrated in Fig. 2(b). The PBC of a session also varies liy the Appendix.
K, as summarized in the following proposition. The significance of this result is that the end-to-end loss
Proposition 1: For all ¢;, p; performance of a RPPS connection is upper bounded by its
Prlg = oilps = pi, Ki = o] PBC which is determined priori by an isolated single-queue,
‘ v o ‘ single-server WCS analysis, independent of the network en-
< Prlg > oilp; = piyoi < Ki < o] vironment and other connections. According to (12), the
< Prg > o4|lps = pi, K = o0). admissible setZ; for RPPS session to satisfy the QOS

. . . . . constraint (11) is defined by
The proof is omitted since it is straightforward.

The PBC is the tail distribution of queue parameterized by Z; = {(0;, p;)| Pr(¢; > min{o;,(D; — Ai)pi}H i = pi,
the bandwidth allocatiom;. Many approaches [8]-[10], [12], K; = o] < P} (15)
[13] have been proposed to upper bound the tail distribution
of queue with/without a parameterization associated with and this set is illustrated by the shadowed region in Fig. 2(b).
assumingkK; = oo. Particularly [8] considered an arrivalNote that the subset of; stressed by the thickened curve
process whose moment-generating function is upper boundedudes (o;, p;) pairs which minimize the buffer allocation
by a linear envelope process, which is viewed as a stochadtic a given bandwidth selection. In this subset, the reduction
version of (6), and derived an exponential bound of the taif buffer spaces; can be achieved by an increase of trans-
distribution of queue. In addition, [8] proved the equivalencaission bandwidthp;, and vice versa, without violating QOS.
between well-known effective bandwidth [12], [13] and th&his feature allows a flexible design of an admission control
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exploiting tradeoffs between buffer and bandwidth allocationselationship between DBC and real traffic characteristics has
For the selection of &a;,p;) pair for a session in the not been studied extensively, and only a limited number of
admissible set, various resource allocation algorithms canwerks are available [6], [16]. The emphasis in this section
considered depending on the service provider’s policies sushplaced on the burstiness-curve characterization of a set of
as pricing and resource management strategies. An examplgresentative multimedia traffic including MPEG/JPEG video
of the optimal service provisioning algorithm is found in [4]and PCM voice. Recall that the burstiness-curve characteri-
for the deterministic service case. zation of each individual session requires the only analysis
On the other hand, the individual bounds (13) and (14) caf a single-queue, single-server WCS of its own session,
be applied Whe@ﬁlocking andﬁ’jelay are separately controlled. completely separate from the network environment and any
Similarly, the following proposition states the end-to-endther sessions.
loss performance bounds for FRPS connections. For the computation of DBC, the rate functieg(t) of ses-
Proposition 3: If an FRPS connection of sessiolis set up sion should be deterministic and known. Whe() is applied
with (¢, M) = (pi,00), (6%, ™)) = (p;,0),k # 1, and  to an infinite-buffer WCS with transmission bandwiith the

A7 + Ljegm ¢ < C™om € Ry, then gueueing process is also deterministic, and the computation of
. . DBC is straightforward from (6). For the practical case of cell-
Py < Prlg; > min {0y, (D; — Ai)pi}pi = pi, based transmission, one way to model the queueing process in
K; = o/ (16) discrete time with time unitl/p;) is
Plz;locking S Pr [(Jz = UZ|NZ = Pi, Kl = ai] (17) 1 t+(1/pi)
a(t+ D) =l -1r+ [ adn @
and pi ¢
. Prig > (Di = Ai)pilpi = pi, Ki = 0i] Based on this, one can obtain DBC by taking= max; [¢:(t)]
Pelay < if (D; = Ai)pi < 0i (18) for all p; € (a;,p;]. Notice thatstored mediaapplications
0 if (Di — Ai)pi > oi. such as video-on-demand (VOD) is suitable for this DBC
The proof is provided in the Appendix. characterization since their rate functiof(¢) is deterministic
and known.

Similar to RPPS, the admissible set for FRPS sessimn

given by For the PBC computation of stochastic traffic, we need a

different approach which is based on traffic statistics since
Zi; ={(04,p:)| Pr (g > min{o;, (D; — Ai)pi s = i, only representative statistics are available through measure-
K; =0 < P} (19) ment and classification. It is argued that the best way to
characterizdive mediaapplications such as interactive video
Compared to the RPPS discipline, the FRPS discipline hasd videoconferencing is a statistics-based approach.
the following three advantages. First, for the s&iamg p; ), the
FRPS connection has tighter loss performance bounds thencomputation of PBC
the RPPS connection. This is because the bounds for FRP
are derived from the queueing analysis of a finite-buffer WC?
(K; = 0;), whereas the bounds for RPPS are from that §
an infinite-buffer WCS(K; = oo) (refer to Proposition 1).
Second, the FRPS connection requitgsamount of buffer
space only at the first node, whereas the RPPS connec
requires the same buffer space at every node in the ro
Third, best effort traffic will achieve better performance und
the FRPS discipline. This is because any unused bandwi
of each individual FRPS connection will be instantaneous]y . o . )
taken by best effort traffic, whereas best effort traffic und gherpr_d er input statistics such as b|spe_ctrum and tns_pectrum
the RPPS discipline can be transmitted if and only if all of the negligible. In a recent work [19], Hajek also studied the

connections are simultaneously idle. In other words, the RppYeUe response for input statistics, particularly with input

connections always have high priority to transmit over be ean and agtocorrelat!on, qnd showed that for a subclass
of randomly filtered white noise processes, the mean queue

effort traffic, which is not true with the FRPS connections. . . . .
ﬁength is determined by the input mean and autocorrelation,

For the same reason, trectual performance of the RPPS h for t tate MMPP’ q iodi d
connections (i.e., not theoundperformance) should be better'/ 1€7€as for two-state S and periodic-sequence moa-

than that of the FRPS connections, even though the t\)dbated processes, the input mean and autocorrelation are not
disciplines provide similabound perfor,mance sufficient to completely determine the mean queue length. This

conclusion is consistent with Li's conclusion above. That is,
for the subclass of randomly filtered white noise processes with
fixed mean and autocorrelatiorfi(z) is naturally fixed as a
Gaussian distribution, and thus the mean queue length is fixed.
Although DBC has been used to describe either an original contrast, for the other two types of arrival processes, fixing
session [3] or a leaky-bucket constrained session [2], the actoa@an and autocorrelation is not sufficient to fiz), and

%he computation of PBC involves stochastic traffic mod-
ing and single-queue analysis. Based on statistical mea-
surement and classification, each multimedia traffic can be
represented by two statistical functions: rate histogrém)

t?(ﬂﬂj power spectrunf’(w). We say these two statistical func-
'8ns to beimportant statisticfor queueing analysis since, in
8], Li showed that the queueing performance such as mean
eue, queue variation, and cell loss is essentially determined
f(z) and P(w) of the input traffic, whereas the influence of

I1l. PROBABILISTIC BURSTINESS
CURVE OF MULTIMEDIA TRAFFIC
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thus the mean queue length can vary according to variations

LD_
in f(z). &
For Markovian traffic modeling, we use a novel statistical - m‘ IPEG
matching technique in [20]. Using this technique, one can T -
construct a special form of multistate MMPP, thiculant iﬂ ]
modulated Poisson proceg€MPP), whose statistical func- ﬁ
tions match with measuref{ ) and P(w). As demonstrated in { MPEG
[20], a multistate CMPP can cover a wide range of the statisti- o , : : :
cal functionsf(z) and P(w). In contrast, for the superposition 300 400 500 600
of two-state MMPP’s, which is commonly adopted in traffic P; (cpD
modeling, P(w) always has to be a monotone function|of @)
and f(z) is limited to a convolution of mixed-rate binomial
functions. 3

Consider a generaV'-state MMPP defined byQ, 7} where MPEG

@ = [gi;] is the state transition rate matrix of a continuous-
time discrete-state Markov chain, afd= [vo, v1, -, vn-1]

is an input rate vector for the Poisson arrival rate in each state.
By spectral decomposition, assuming thats diagonalizable,

O. (cells)
6e3

(8]

Q = NS NGk where ), is the Ith eigenvalue ofQ and &

g; and h; are the right column and left row eigenvectors with ©1y M — — :

respect to\;. Then, the power spectrum of the MMPP, denoted 300 400 p_?goﬂ 600

by P.(w), is obtained by taking the Fourier transform of the il

autocorrelation function (b)

. Fig. 3. (a) DBC of MPEG/JPEG video. (b) End-to-end queueing delay
5 Nl 2\ constraints imposed on DBC.
P.(w) =7+ 277°6(w) + (22)

— A+ w?
[21], and the transition rate matrix, denoted by is then

The first component in (21)7, is the white-noise term given by

attributed to Poisson dynamics in each input state. The second -y q
—92 . . QO r 0
component2n¥°6(w), is the dc term attributed to the average pl O T 1
input rate. Note that each eigenvalue(@fcontributes a bell- T . .
shaped component to the power spectrum. G = T : (24)
An N-state CMPP is a special case ff-state MMPP e T :
where () is a circulant matrix in which each row circulates pl @ T |K;—1
one element to the right to form the next row. Hence, the i pil Q] Ki

whole matrix is fully characterized by the first row vector, , , ,

say,@ = [ag, a1, --,an_1]. Then, the cumulative distribution ghgreQ :d%'_ pil 71 L, .QO ~ Q._ ?hQ P:' Q—pil,l' = )

function (cdf) of the CMPP, denoted h.(z), is given by iag[y:], and/ is an identity matrix. The Poisson assumption
of the service process has a negligible impact on the queueing

solution as long as the MMPP input possesses high burst-level
correlation, which is a typical characteristic of multimedia

. . L traffic [22].

wherem,, is the number of input rates; in ¥ which is less In this paper, we use the so-called QB@)ding algorithm
than or equal tag. . . [22] to solve the QBD matrix7, and hence obtain the PBC,

. The first step to compute PBC for givgiiz) and P(w) is to ie. Prlgi > oilus = pi, K] Since K; should be finite in
find {N,d,~}, and hence construct a CMPP model such th?}t|e folding_algorithm, in the numerical study, we talé

sufficiently large to approximate an infinite-buffer WCS as
necessary. Other queueing solution techniques such as the

where F'(z) is the cdf of f(x). To do this, we use a Iorograrn_matrix—geometric solution approach [21] can be applied to
%olve such QBD processes.

ming approach proposed by Li in [20]. The construction of a

N-state CMPP is much simpler than that of a genéfadtate i

MMPP since fewer parameters need to be determined dueProMPEG/IPEG Video Traffic

the cyclic repetition of transition rates. Recent development of Take a 3.5-min segment of the movsar Wars which is

a faster algorithm for this CMPP modeling is reported in [26kncoded into MPEG and JPEG video sequences [23]. Both
Once a CMPP model is obtained, the next step is to compsquences are recorded in cells per frame (cpf), and there are

PBC by solving a single-queue, single-server WCS fed by tR@d frames/s. In the MPEG coding, we use predictive motion

Markovian model. This queueing system, the MMMPI/K compensation only, and take the ratio of number dfames

gueue, can be modeled by a quasi-birth—death (QBD) procéssP frames equal to 15. The average rate of the MPEG

Fe)= =2 (22)

Pw) =~ Plw), F.z)=F(z) (23)
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Fig. 5. MPEG Star Warsmodeling by CMPP and queueing performance. (a) Rate cumulative distribution. (b) Power spectrum. (c) Mean and standard
deviation of queue. (d) Loss rate.

sequence is 227.7 cpf (2.3 Mbit/s) and that of the JPE@th motion compensation can save considerable transmission
sequence is 345.3 cpf (3.5 Mbit/s). Fig. 3(a) compares thandwidth and buffer space in video transmission. A similar
DBC of the two video sequences, which is computed froeomparison can be made in Fig. 3(b) for the stringent delay
(20). Given at the same bandwidth allocatipn the JPEG constraintD; — A; = 30 ms, except that more bandwidth is
video obviously requires substantially more buffer allocatiorequired to trade for less buffer spacelas— A; reduces.

o, than the MPEG video in order to avoid any cell loss, except The reason for the MPEG video to require fewer network

at higher bandwidth allocation.

resources is well explained from the statistics of the two video
The end-to-end delay constraiit, = 20 for video services sequences. First, we compare the steady-state statistics (rate
is typically in the range of 50-500 ms, depending on applichistogram) of the two sequences by plotting the corresponding
tions [24]. Assuming4; = ms, the end-to-end queueing delagdf in Figs. 5(a) and 6(a). Obviously, the MPEG cdf concen-
constraint is given byD; — A, = 30-480 ms. The dotted trates more on lower input rate than the JPEG cdf. Second,
lines in Fig. 3(b) show such constraints imposed on the DB@e inspect the second-order statistics (power spectrum) of the
of MPEG/JPEG video. Taking the maximum queueing delawo sequences in Figs. 5(b) and 6(b). It is clear that the MPEG
constraintD; — A; = 480 ms, for example, the bandwidthvideo has much less power in the low-frequency band than the
requirementp; is minimized at 350 cpf (3.6 Mbits/s) for the JPEG video. The less the low-frequency power, the better the
MPEG video and at 580 cpf (5.9 Mbits/s) for the JPEG videgueueing performance will be since the low-frequency power
The corresponding buffer space requirementis about 4000 is equivalent to long-term correlations in the time domain
and 6000 cells, respectively. By comparison, the MPEG codifit8].
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Next, we study the effect dfaffic smoothingn the DBC of increasing?’, as illustrated in Fig. 4(a). In consequence, the
MPEG video. In general, thé frame appears periodically in minimum bandwidth allocation for a QOS guarantee needs to
an MPEG video stream, such as at every interval of 16 framles substantially increased wiffi The admissible se¥; also
in our example. Also, because of motion compensatiBn, becomes smaller d§ increases.
and P frames, which appear adjacent fdrames, consist of  The ineffectiveness of smoothing&t= 4, 8 frames can be
many fewer cells thard frames. As a result, the generatiorexplained from the MPEG video power spectrum in Fig. 4(b).
of I frames corresponds to periodic burst arrivals in afhe spectral spikes appearing at harmonic radian frequencies
MPEG video stream. To prevent nodal congestion due to su@i/16) x 2=k, k = 1,2, ---, are attributed to the periodicity
bursty arrivals, protocols have been proposed to smooth trafficthe / frames. Yet, a large amount of video power, which is
streams at the user network interface (UNI). Naturally, addirggtributed to the scene-to-scene autocorrelation, is located in a
a traffic-smoothing device will introduce extra queueing delayell-founded low-frequency band (typically < 2 rad). In a
at the source and/or at the destination during playback. Fgnal processing context, smoothindaseconds is somewhat
example, consider a simple averaging device for smoothiequivalent to a low-pass filtering at cutoff frequengy =
[25]. Define the averaging time interval b¥. The device (2x/7T) rad. Obviously, the low-frequency video power cannot
holds cells arriving in the time intervd(n — 1)7°,n7T) at be filtered out by smoothing unlegscan be much longer than
a smoothing buffer, computes their average arrival rate, aadgecond. On the other hand, the queueing performance of the
then releases them to the network during the next time inten\PEG video is mainly determined by the video statistics in
[»T, (n+1)T) at that average rate. The average queueing delde low-frequency band (i.e., the slow time variation of scene
introduced by this device is approximatély Fig. 4(a) shows changes). This is why the DBC of MPEG video is basically
the impact of smoothing on the DBC of the MPEG video. Thenaffected by the smoothing in Fig. 4(a).
solid curve is for no smoothing, i.€l; = 0, the nonuniformly For the computation of PBC of MPEG/JPEG video, we
broken curve is for smoothing dt = 4 frames, and the dotted use the technique in Section Ill-A to construct a 101-state
curve is for smoothing a” = 8 frames. Obviously, the DBC CMPP model to accurately represent important statistics of
of MPEG video is basically unchanged by smoothing (unlesise 3.5-min MPEG/JPEG video sequences. Fig. 5(a) and (b)
T is unreasonably large). In other words, the network resoursieows the comparison of cdf and power spectrum between the
saving by traffic smoothing for MPEG video is insignificantCMPP model and the real MPEG video sequence. The cdf of
Moreover, such a smoothing introduces an extra delay thle CMPP model exactly matches that of the real sequence,
167 ms atT = 4 frames or 333 ms af’ = 8 frames. and a large number of states, i.e., 101 states, was necessary
Due to this extra delay, the end-to-end network queueirfigr this matching. In power spectrum matching, emphasis
delay constraintD; — A, becomes much more stringent withis placed on the low-frequency band to which the scene-to-
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scene autocorrelation contributes, whereas the spectral spikies,PBC can be directly calculated from the raw data traces
which are attributed to periodic bursfyframes, were ignored by simulating a single-queue, single-server WCS with different
because the queueing performance is mainly affected by tfa, p;) pairs as in the DBC case. However, estimating a very
low-frequency power. Note that the logarithmic scale wasmall tail probability through the simulation is not practically
used in Fig. 5(b). To check the validity of the model, wéeasible, and the duration of a session is often too short
compare the analytical queueing solution of the CMPP, whith estimate such a small probability. In addition, by using
is obtained by the QBD technique, to the simulated queueihgo important statistics above, traffic classification is greatly
solution of the real MPEG video sequence. The solutions simplified, i.e., a set of different data traces can be represented
mean queue length, queue standard deviation, and averbgea pair of (f(z), P(w)), and thus one can create a PBC
loss rate are compared in Fig. 5(c) and (d) assuming a buftiatabase indexed by a certain representatiofy 6f), P(w)).
capacity of 1000 cells. As one can see, the model-baskéd other alternative is to estimate the PBC directly from
analytical queueing solutions are sufficiently close to the sirif(z), P(w)), which is a topic for future research.
ulated queueing solutions at different utilizations. Similarly, The computational complexity involved in the statistical
we constructed a 101-state CMPP model for the JPEG videoatching and evaluation of the PBC prohibits the approach
and the results are shown in Fig. 6. from being applied to real-time situations. Note that we are not
Using the above two CMPP models, one can compute theoposing an on-line measurement-based connection control.
PBC of the MPEG/JPEGstar Warsvia the QBD queueing In other words, we collect sufficient statistics to derive the
technique, and the results are plotted in Fig. 7. An inspecti®BC. Refer to [20] and [26] for the complexity of the matching
of Fig. 7(a) and (c) indicates that, for each given the procedure, and to [22] for the complexity of PBC computation.
solutionPr [¢; > a;|p; = pi, K; = oo] of the MPEG video is More examples of the CMPP modeling with longer video
much less than that of the JPEG video at each giveiit im-  sequences and other values of buffer capacity (other than 1000
plies that the MPEG video requires much less buffer space thaglls) can be found in [20], [26], and [27].
the JPEG video at each given bandwidth. Similarly, as shown
in Fig. 7(b) and (d), the MPEG video requires much less ban@: Voice Traffic

width than the JPEG video at each given buffer space. Anothery 1,o_state MMPP, alternating between the ON and OFF
interesting observation is that the PBC decreases exponentigpé(tes, is typically used to model a voice traffic. Define a
with respect too; at each giverp;. In contrast, it decreasesy, o siate MMPP by
faster than exponential with respectgpat each giverns;.

One might question whether or not the MMPP modeling Q= {—/3 p }7 7 = [0, You] (25)
above is necessary for the estimation of the PBC. Of course, o T
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where v, is the Poisson rate while in the ON state. Then,
e = (#/8 + «) is the steady-state probability of the ON state
and¥ = ev,, IS the average rate. Consider a 64 kbit/'s PCM
voice source where the average silent and talkspurt periods are
equal to 0.6 and 0.4 s, respectively [28]. Based on the ATM
cell packetization, we geftyon, @1, 871) = (151 cells/s, 0.6

s, 0.4 s), and se= 0.4 andy = 60.4 cells/s. The PBC of each
voice source is plotted in Fig. 8(a). The end-to-end cell loss
constraintP; for voice services is dependent on the coding and
priority packetization techniques. For the plain PCM coding
without priority packetization, one can choo& = 102
[24]. Let us also bound the end-to-end delay of voice by 50
ms, and saD; — 4; = 30 ms. In Fig. 8(a), one may find an
empty admissible sef; if the bandwidth is limited by, < 62

i<

Pr[q.>(5ilpi]

kbits/s. In other words, under the condition Bbf — 4; = 30 1

ms andP; = 10~2, there will be no solutior{o;, p;) to satisfy e-2

Prlg; > min{oy,(D; — Ai)pi}|pi = pi, Ki = o0] < B, —_

if p; < 62 kbits/s. Note that the maximum voice bandwidth o e

is only 64 kbits/s at which we can havwe = 0 as in the b e-6

circuit-switched case. Thus, virtually no improvement can N :

be achieved by packet switching over circuit switching for o et (al, BN .
voice transmission! This problem is essentially caused by & eq0f o (1.2,08) N
the “narrow” bandwidth of voice and its “stringent” delay —— (06,04) \,
constraint. Obviously, even holding a few cells in the buffer et2r - (0.3,02) S
would result in delay exceeding 30 ms in a voice connection e-14

25 30 35 40 45 50 55 60 65

with bandwidth less than 62 kbit/s. This is an inherent problem D (Kbps)

with the burstiness curve since the analysis of WCS is based

on each individual session at its own transmission bandwidth, )

no matter how many sessions are multiplexed and how lamgg. 8. PBC of voice traffic. (a) Whefiyon, =1, 3~") = (151 cells/s, 0.6

the aggregate transmission bandwidth is on each link. Oh&-4 s)- (b) Impact of ON/OFF period changesrat= 200 (cells).

possible solution is to group a large number of small sessions

into a “super” session, as will be discussed in Section IV. resource availability. If none of thés;, p;)’s in Z; can be
We now examine the impact of voice ON/OFF periods oensured by the network, the arriving session will be blocked.

the PBC. Let the average ON and OFF periods be simultaneThe admission rule for RPPS connections is defined as

ously scaled, which will change the voice power spectrum bigllows. When sessiort requests connection setup, if the

not its rate distribution [17]. Wheiia~!,37!) is increased network traffic manager can identify @;, p;) € Z; and find

to (1.2 s, 0.8 s), more voice power concentrates on the low-route ?; such that

frequency band, and so the queueing performance deteriorates, m m

and vice versa whefa~t, 371) is reduced to (0.3 s, 0.2 s). it Z vt <B™ and

Fig. 8(b) shows the corresponding PBC's as a functiop; Gt jes . .
o; = 200 cells. Obviously, the voice transmission bandwidth pit > PP<C™,  meR (26)
pi must be increased with the length of the ON and OFF jegm

periods for the same value &% [¢; > o0i|p; = pi, Ki = o0].  the connection will be established witlfe?, o) =
(0s,p:),m € R;. The tradeoff between buffer and bandwidth
allocations is examined in the identification db;,p;)
to comply with present network resource conditions. The
admission rule is equally applied to deterministic and
When a deterministic sessianarrives, its DBC and end- probabilistic connections. Once probabilistic sessioris
to-end delay constrainD; will be provided to the network. admitted under the rule, its QOS is guaranteed without
When a probabilistic sessionarrives, its traffic type, delay violating the QOS guarantees of ongoing sessions (refer to
constraintD;, and loss constrain®; will be provided to the Proposition 2).
network. For each given traffic type, the corresponding PBC On the other hand, if sessiemequests an FRPS connection,
can be identified from the network database. As discusseditiris sufficient to examine the buffer space condition in (26)
Section IlI-A, building such a database in advance is feasildler the first node in route?;. The QOS of each probabilistic
once representative statistical functiofisz) and P(w) are FRPS connection is thus guaranteed from Proposition 3.
collected and classified. The function of admission control is The importance of the admissible s&t is to provide
first to determine the admissible s&f, and then to select a great flexibility in connection management. According to
a proper(o;,p;) € Z; according to present network-widepresent network-wide resource availability, the network traffic

IV. ADMISSION CONTROL AND RESOURCE SHARING
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manager can adaptively adjust tije, p) allocation of all The following proposition states the end-to-end loss perfor-
sessions as long as tlie, p) of each connection is selectedmance bounds for RPPS connections with buffer sharing.
from its own admissible set. This capability plays an important Proposition 4: Suppose that an RPPS connectiois set

role in resolvingnetwork resource fragmentatioWhen a new up with ¢* = p; and Xjer= ¢7' < C™,m € R;, and the
session cannot be accepted because of resource fragmentabioffier at each node in the route is statistically shared by other
the network can selectively renegotiate tep) allocation of connections on the node. Then, under RP loss distribution

ongoing sessions to “create” resources for the new session. o0
Bllocking < 1— H <1 —/ [®jermhi(a;, pj)] dqm>

A. Buffer Sharing mER; B

One deficiency of the above admission rule is that resource (29)
sharing is completely neglected. The buffer allocation policynd
in (26) assumes that a separate buffer spaces dedicated Prig > (D; — A)pilps = pi, K = o,
to each connection at every node. Similarly, the bandwidth -
allocation policy in (26) does not take advantage of statistical N if (D; — Api £ Z B™
multiplexing gain, i.e., the direct sum of bandwidth allocations Pletay < meER; (30)
at each node never exceeds the link capacity. This is also
why the end-to-end per-session performance bound can be 0, if (Di—A)pi > Z B™
determined from the queueing analysis of an “isolated” WCS, meER;

independent of the network environment and other conngghere is a convolution operator ang” = Yjerm q; is the

tions. The number of connections that can be supported ifhggregate queue length at the buffer of limk hi(g, p;) is

network can be substantially reduced by the admission ryjg probability density function (pdf) of; when sessiori is

(26). applied to an “isolated” WCS with;; = p; and K; = cc.
For the probabilistic connections with PBC, however, ongy definition, h;(g:, pi) = (d/dg) Prlq > oilp = pi, Ki =

can take advantage of thmiffer sharingeffect in the design ). The proof is provided in the Appendix.

of admission control. Instead of dedicating a segregate bufferrhe hound onP ,  is solely determined by the PBC of

. del

space to each connection, one can make the overall buffetcion whereas fhag bound of requires the PBC’s
?

ons in the route.

space at each node to be statistically shared by all of e, of the interacting ConnectibIOCki“g
connections routed to the node. It will be shown that the |, practice, with the discrete queue state, once the PBC is
total buffer space requirement can be substantially reduced by n hi(g; = a,p;) can be easily obtained bjr[g; >
buffer sharing without violating the QOS guarantee of eagf) " o Ié] P [Zq< > 0t = pi K Alternatively
mdmdugl connection. o _ one can keep the PBC as an exponential function with respect
Let z7"(t) be the arrival rate of sessianat time¢ on link 1, - \yhere both the prefactor and decrease rate are functions

m € R;. The aggregate arrival rate on link is denoted ¢ pi, as observed in Fig. 7(b) and (d). The(g:, p;) can
by z™(t). When the buffer of linkm is full, the aggregate ;5 pe given as an analytical function.

loss rate is equgl tdm(t) = [z™(t) — C™]*T undgr the For convenience, denoten;csm hi(q;,p;) and [
assumption of fluid flow. The amoulit'(¢) can be arbitrarily [@;esm hj(g;.p;)]dg™by k™ and BLK™, respectively

iotri ; 2 . jeJm iy, Pj ) -
distributed among all the arrival rates"(t), i, through the Agq me that the network traffic manager keeps the present
implementation of cell selective discarding. In our case, Wgtormation of ™ and BLK™ for all shared buffers in the
assumerate proportional (RP) loss distribution. Denote thenetwork. Also, it keeps the present bound le denoted
loss rate of sessiofat timet¢ on link m by I*(¢). The RP e i ol aai

are M s i I by DLY ,, for all connections in the network. The admission

loss distribution ensures that when the buffer of linkis full ool for RPPS connections with buffer sharing is defined
as follows. When sessiohrequests an RPPS connection, the
network traffic manager first selegts and R; candidates, and
updatesh™ and BLK™,Vm € R;, by h™ = ™ @ h;(q;, p;)
where I denotes the set of all the connections on link and BLK™ = I [h™ @ hi(qi, pi)] d(g™ + ¢;). Then, if the
Then, the instantaneous loss ratio of session link m during  following conditions are satisfied, the connection setup of

() = —i:Eg (), Yiel™ 27)

the buffer blocking period is given by session with the candidates is accepted. Otherwise, the same
) [ — O steps are repeated
= (28) it 112
z(t) z™(t) pi + Z P <™, VYm € R; (31)
jeJm

which is identical for all of the sessions on limk. Define the

steady-state loss probability of sessiam link i, L, by the see (32), shown at the bottom of the next page, and
expectation of its instantaneous loss ratio. From (28), we get m . ‘

L =L™i,j€Im, ie., the loss probability of each session 1- mll_(l —BLK™)+DLY; <P, Vjel (33)
on link m must be identical under the RP loss distribution. ’
In practice, the RP loss distribution can be accomplished witthere 2; is the set of all of the RPPS connections in-
selective cell discarding [29]. teracting with the new connectiofn which is defined by
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Q2 = {j|R;NR; # 0}. Equation (31) examines the bandwidtiwork conserving, and thus should give the same overflow
availability along the route for the arriving session(32) probability. The analysis of a FIFO queue fed by multiple
ensuresﬁ’ﬁlo(:kingfﬁ’jelay < P, for the arriving session, and ON-OFF sources is a standard problem in current ATM
(33) guarantee?}ilocking + P(]lelay < Pj,je . research and we argue that this will provide a much simpler
Similarly, the following proposition states the end-to-engolution for the loss computation with buffer sharing.

loss performance bounds for FRPS connections with bufferLet us investigate the reduction of the buffer space require-
sharing. ment by buffer sharing. For simplicity, considéf sessions

Proposition 5: Suppose that an FRPS connectiois set of i.i.d. MPEG/JPEG video sources which are routed to a
up with ¢§k) = p; and ;e pe ¢§k) < C®™ (k) € R;, and common network link. In terms of bandwidth allocation, each

the buffer space at each node in the route is statisticafiSSion requires the same amount of bandwjgdthand the
shared by other connections on the node. Then, under RP [Bggregate bandwidt x p; must be less than the link capacity.

distribution Without buffer sharing, each session requires a separate buffer
00 allocation ¢;, and the aggregate buffer space requirement
Birocking S/ [®,crmhi(g;,p;)] dg® (34) is N x o;. For instance, take the loss probability bound
B Prlg; > il = pi, Ki = oo] = 1076 in (13). One can
and then gets; = 4689 cells atp; = 4.8 Mbits/s for each MPEG
Prg; > (Di — Ad)pilpi = pi, K; = ), vidgo session in Fig. 7(b) and;, = 5105 ce_lls atp; = 5.9
Pjelay < if (D; — A)p; < B (35) Mbits/s for.eac.h JPEG video session in F|'g. 7(d). When the
0, if (D; — Ai)p; > BW, buffer sharing is considered by t_he admission contr_ol, denote
the aggregate buffer space requirementy,.ins, subject to
The proof is provided in the Appendix. the same loss probability bound-10per session under the RP

_Compared to RPPS, FRPS provides a tighter bound s distribution. Taking theéV-fold convolution of the video

B locking since buffer sharing is required only at the first nodpBC, one can findraparing from the bound solution in (29).

in R;. Similar admission control can be implemented for FRPSg. 9(a) shows the ratio aVo; to Osharing @S @ function of

connections. Itis sufficient to examine the conditions (31)-(33). At N = 50, only less than 5% of total buffer capacity

at the first node. is required by sharing for the aggregate MPEG/JPEG video
The admission control with buffer sharing will greatlyysing the same transmission bandwidth! Obviously, sharing

improve buffer resource utilization, yet it requires a corcan save a substantial amount of buffer space. In the admission

siderable increase of computational overhead for connectigéntrol, one can always trade more buffer resowrg ing

management, i.e., upon arrival and departure of a sessiofo@less bandwidthp; since the shared buffer space will not be

convolution and a deconvolution are necessary, respectivedjgnificantly increased by the individual connections.
This is because the PBC's of all of the interacting connections

must be taken into account for the evaluation of the per-session
loss performance bound. By taking the Laplace transform B
hj(g;, p;), the convolution and deconvolution can be simpli- In this subsection, we investigate the effect of traffic aggre-
fied to a multiplication and a division, but an inverse Laplacgation on bandwidth saving. In practice, when several sessions
transform may still be troublesome. share a common route, they can be grouped into a “super”
A practical approach to circumvent this difficulty for thesession. Such a grouping has the same effect as statistical
RPPS case is to use a leaky-bucket policer at the UNI withultiplexing on bandwidth efficiency. For example, consider
token generation rate equal . Then, irrespective of the the existence of a large number of voice sessions between
token pool size, the per-session end-to-end delay will stilvo distant local switching centers which are interconnected
satisfy (30) since the leaky-bucket policer can be vieweda a backbone ATM network. Instead of frequently setting
as another hop. On the other hand, the worst case pattem each individual voice connection on a per-session ba-
of the departure process of the leaky-bucket policer can bis, one can infrequently set up a “super” connection such
readily modeled as a deterministic ON—OFF source whoas VP provisioning between the two switching centers to
parameters are determined by the policer parameters [3Bhnsport multiple voice sessions together. For simplicity,
Then, the overflow probability estimate on limk € R;, i.e., assume that each voice session is a 64 kbit/s PCM voice with
[ [@jer hi(g;,p;)] dg™, can be replaced by the overflowsilence detection, which is modeled by the two-state MMPP in
probability estimate in a single FIFO queue with the sanfgection III-C. As previously discussed in Section lll, under the
buffer and transmission capacities fed by ON-OFF sessionenstraintsD; — 4; = 30 ms andP; = 1072, the transmission
i.e.,, V4 € I"™ since both RPPS and FIFO disciplines arbandwidth of each voice connection without grouping must

Traffic Aggregation

1— [] (1 =BLK™)+Prlg = (Di — A)pilpi = pi, Ks =o0] < B, if (Dj = Ag)ps < Y B™

meER; meER; (32)
1- J] @-BLK™) < P, if (D;i — Ai)pi > Y B™

meER; mCcR;
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3o number of multiplexed sources increases. Hence, for a super
session withV = 100 andpsupe: = 6.2 Mbit/s, the actual
25 buffer requirementog, .. to meet the 102 loss constraint
No, 20 is only about ten cells, as shown in Fig. 9(b). This implies
csharilng that for 6.2 Mbit/s transmission bandwidth, one can allow a
15 backlog as large as 439 cells, and for 6.2 Mbit/s transmission
1ok bandwidth and a 439 cell buffer one, can accept much more
than 100 voice sessions without violating the QOS guarantee.
51 In comparison, without grouping, one can only accept 100
0 , , voice sessions for the same bandwidth and buffer space.
0 5 10 15 20 25 30 35 40 45 50
N V. CONCLUSION
(@) This paper has presented a method to establish real-time
250 multimedia connections with guaranteed QOS. A multimedia
session has been viewed as a stochastic process of which only
500 two important statistics (rate histogram and power spectrum)
are measurable. Based on these statistics, the traffic char-
150 acteristics of the multimedia session have been represented
G super by the probabilistic burstiness curve. For the computation
(cells) oo of PBC from the statistics, a traffic modeling and queueing
analysis technique has been introduced, and the novelty has
50 N=10 been demonstrated with applications to MPEG/JPEG video
: sequences.
530 35 40 45 50 55 60 65 Once network resources are allocated to each session ac-
P super cording to its PBC, one can probabilistically bound per-
N Kbpo) session end-to-end delay/loss performance under RPPS and
(b) FRPS service disciplines. The bounding solutions are solely

Fig. 9. (a) Reduction of buffer space requirement by buffer sharing Hetermmed ,by the PBC’s of the_sessmns. Upon arrlval of

MPEG/JPEG video transmission. (b) Reduction of bandwidth requirement 8y N€W session, the network traffic manager determines the

traffic aggregation in PCM voice transmission. admissible setZ; based on its PBC and QOS requirement,
and selects a proper resource allocation fair,p;) € Z;

be greater than 62 kbits/s. Therefore, f voice sessions, according to present network-wide resource availability. In
if each session is set up as a separate connection, the tBf4f" t© improve network resource utilization, we have also
amount of bandwidth must be greater than 62 kbit/s. In studied the admission control policy which allows statistical
contrast, when all of theV voice sessions are grouped intosharmg of buffer resources, subject to the same QOS guarantee

a “super” connection, the aggregate bandwidth re uiremeq{teaCh connection. .
P ggreg g Our study of MPEG/JPEG video sequences has revealed the

gi?v:seressrzssf::t“?r:g sre?[d;fcaegm?sssig};ijeiul?erl):’;g%o?(tk)f?é T?l?ndamental interrelationship among th_e burstine;s curve, the
“super’ connection with respect ty — ‘10’, 50‘, 100 subject QOS guarantee, and _the V|de_o statistics (rate histogram and
to D — A; = 30 ms andP; = 10-2. The (o p ) power spectrum, particularly in the Iovy—frequen_cy band, to
* * 5 ) Ly, supers Fsuper ¥vh|ch the scene-to-scene autocorrelation contributes). Also,
represents the buffer space and bandwidth requirement V\(/)er have provided many engineering aspects of the PBC

the “super” connection. The bandwidth per voice session eils roach to real-time multimedia services, including the video
measured by psuper/V), Which can be greatly reduced a6 pp ' 9

. smoothing issue where its ineffectiveness for real-time appli-
increases.

This gain by grouping is closely related to statistical mul(fatlonS has been pointed out.
tiplexing gain. As discussed in Section lll, for a single voice
transmission with the loss and delay constraints above, there
exists no (o;,p;) pair to satisfy Pr[g; > min {o;, (D; — Proof of Proposition 2: Let us apply the same realization
ADpi¥lw = pi, Ki = oo] < Py if p; < 62 kbit/s. In other x;(t) of sessioni to an RPPS connection withp?™, ™) =
words, the maximum allowable backla@; — A;)p; is so (pi,0i),m € R;, as well as to an “isolated” WCS with; = p;
small that the loss requiremed®, = 10~2 cannot be met and K; = occ. The two queueing processes are compared.
unlessp; reaches 62 kbit/s. In contrast, by grouping more voideéne can view the RPPS connection as a “virtual” queueing
sources into a super session, one can have larger maxim@ygtem with arrival rater;(¢) from the source, departure rate
allowable backlog, i.e., larg€D; — A;) psuper SINCEPsuper Will gi(m)(t) at the last node, and overall loss rdt¢t) due to
increase. For example, fuper is 6.2 Mbit/s, the maximum buffer overflow at intermediate links. Leztgk)(t) denote the
allowable backlog(D; — A;)psuper IS as large as 439 cells.backlog of sessiori on the kth node in the route at time
On the other hand, statistical multiplexing takes effect as thelet ¢;(¢) be the end-to-end backlog of sessibmt time

APPENDIX
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t. The time interval ofg;(¢) > 0 is called theconnection

busy periodof sessioni. Without loss of generality, consider

a connection busy periof§, ¢], during which we can write
Gi(t) = [fai(r)dr — Jt gz(m)('r) dr — [L1;(7) dr. Note that,

under the assumption of fluid flow and zero propagation delay,

(’“)() > ¢§k> = p; for some
Jrai(r)dr — pi(t = 3),t €

for ¢ € [3,8, () =
(k) € R;. So, we getg;(t) <

[3,¢€]. In contrast, in the “isolated” WCS with infinite buffer,

qi(t) > [tzi(r)dr — pi(t —s) for all 0 < s < ¢ from (5).
Therefore, we conclude that(¢) < ¢;(¢),V¢ € [3, €], which
in steady state yields

Pr(g > o;] < Prig; > o4|ps = pi, K; = 0], (36)

Now, we prove (12). Define7"(t),m € R;, to be a
random vector whose elements are random variagleg)
andgq;(t),j € J™. Also, definegg, (t) to be a random vector
whose elements are random vectgts(t), m € R;. We add
the superscripte in the notation to denote the value of
random variable/vector. Obviously, a sufficient condition f

session at timet to experience no blocking in the route and

no overdelay at the destination is thg{t) < min {s;, (D; —
Ap;}. Define a setT; {Tr. (0)*| Zmcr, () (=
q~i(t).) < Bz} with B; = min{ai, (Dz —Az)pz} One can then

use the sufficient condition to lower bound the steady-state

survival probability of session

thMJ F(@ () A, ()"
qr; (t)* €T

lim

sguffer of link m. Define ™
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given by ([z;(t) — p:]T /zi(t)). Therefore, we get
[ri(®)* =Pl ™ o e
| IS ey
@o—mmmr

lim

t—oo

=~ _
Pblocking -

< tlim / flait Z(l) (t) = 03) dxi(t)®
= Prlg; 1) — o]l = Prlg = oilpi = pi, Ki = 0i]

where the symbo[-]* denotesmax [0, -] and the inequality
holds becaus® < [x;()* — p;]* < x(t)*. The proof of
(18) is similar to that of of (16), except that the sufficient
condition for sessiof at timet to experience no overdelay is
¢V (t) < (Di - A)pi
Proof of Proposition 4: First, we derive the bound on

Pﬁbcking- Let ¢™(t) be the aggregate backlog in the shared
buffer of link m € R;, defined byg™(¢) = Xjer ¢ (%)

et L" be the loss probability of the sessiarstream at the
*(t) to be a vector whose elements
rez}'(t),j € I, including z7*(¢). Then, under the RP loss
dlstrlbutlon L™ can be written by

w0 =TT
L = i, [0
TE ) = B )
< hm/f (@™ (1), ¢ (£) = B™) dF™ (1)*
= Pr[¢" = B™].

From the following two arguments, one can show tfatt) <

Fm/®<3ﬂwwmmw
1—-Pr[g > Bi]

Zl—Pr[ >B|Nz—p27Ki:

Yier §;(t) < Ejernq;(t), Ve, for any realization ofz;(t),

whereg;(t) is the backlog at timeé when the same realization
x;(t) is applied to a WCS withs; = p,; and K; = co. First,

smceqm(t) < g;(t), we haveg™(t) < Ejer ¢;(t), Vt. Sec-

where f(-) denotes the probability density function and thend, as in the proof of Proposition 2, one can obift) <

last inequality holds by (36). Hence, (12) is true. The samg(t),vt. Hence, in steady state, we géf® < Pr[¢g™ =

steps can be taken to prove (13) and (14), except to replae] < Pr[S;cm q; > Bm] Notice thatg;(t),j € I'™, are

B; by o; and (D; — A;)p;, respectively. This is because théndependent, whereag"(t),j € I, are dependent on each

sufficient condition for session at time ¢ to experience no other. Because of this |ndependence the probability density

blocking is given byg;(t) < o, and the sufficient condition function of ;¢ q; is given by @;erm h;(g;, p;), and so

for sessioni at timet¢ to experience no overdelay is given bYPr[3 ;e q; > B™] = [ [®jerm hy (qj,pj)] dg™. There-

Gi(t) < (Di — A;)pi. Sinceg;(t) must be upper bounded byfore, we conclude tha.® < me[®J€pnh (gj, p)] dg™.

the connection’s total buffer space in the route, i.6Y;04, it One can then derive (29) USIg o cping = 1 — Hmer: (1 —

is clear that if(D; — A;)p; > N0, Pip., = 0. L™). The proof of (30) is similar to that of (14) in Proposition

Proof of Proposition 3: For the FRPS connection with 2,

¢§k> = p;, Vk, the first node is always the bottleneck. There-

fore, Gi(t) = q'*(t),¥t, for any realizationz;(t). The loss tion with ¢\* = p;. (k) € R;, we haveg;(t) = ¢!V (t), ¥4,

occurs only at the first buffer. We first prove (16). Sincand L" = 0 for k # 1. Define ¢V (t) to be a vector whose

the sufficient condition for sessionat time ¢ to experience elements arej(l)( t),j € I including q(l)( £). Let G(l)( £)

no blocking and no overdelay i (t) < B;,1 — Bi_ > be the aggregate departure rate of all of the FRPS connections
oo [ 000, F@P®" dgP @ = 1 - Pr[¢”) > at the first buffer. Unlike the RPPS disciplin)(t) is
Bi] = 1 —Ptlg; > Bilus = pi, K; = o3]. The last equality dependent onft!)(t) since FRPS is a nonwork-conserving
holds because the queueing process of the first buffer in @igcipline. Therefore, under the RP loss distributit}y, iy,
FRPS connection is identical to the queueing process of a WE® be written by

/ / [z (8)* — GW )]t
TV (t)*eA zO(t)e

transmitting the same session with = p; and K; = ;. .
@D, dV(0)°) dF D (1) dg D (1)°

o]

Proof of Proposition 5: Recall that in the FRPS connec-

L( ) — lim

t—oo

Hence, (16) is true. Bllocking =
We next prove (17). The loss can occur only at the first
buffer whenqi(l)(t) = g, and the instantaneous loss ratio is
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with A = {gV@®)°l¢W®* = BW}. Since 0 < (9
D@ — GO@)T < 201, élOCking < limy_oo
Igvween T FEV®), qU@®N)dZD @) dgV (B = (oo
Pr[¢) = BWM)]. Next, we show thatq§1)(t) < qi(t), Ve,
for any realization z;(¢). Again, ¢;(¢t) is the backlog [21]

at time ¢ in a WCS with ; = p; and K; = oo.

Consider a busy period [s,e¢] of q§l)(t).
)

Then,
—s) = [11P(n)ydr <

[ [22]
Jai(r)dr — py(t

I xi(r)dr — pi(t — s) < ¢;(t) where the last inequality [23]
holds by (5). Thereforeq)(t) < X, ¢;(t), V¢, which
leads toPr[¢'t) = BM] < Pr[¥;cr0 ¢ > BWY] in steady [24]

state. Thus F)oqine < Pr[E;cr0 ¢; > BY]. Furthermore,
since g;(t),j € IV, are independent of each other, we get
Pr[Sicm g5 > BY] =[50 [@5er0 hyi(as, p5)] dg'V. The
proof of (35) is similar to that of (18) in Proposition 3.
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