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Abstract to enable the network to provide bounds on end-to-end
delay as well as throughput guarantees to various flows,
In this paper, we derive a statistical delay guarantee of several analyses of these algorithms have been carried out
the generalized Virtual Clock scheduling algorithm. We de- [6, 8, 10, 13]. These techniques enable a network to pro-
fine the concept of apquivalentfluid and packet source vide deterministic bounds on QoS. Though these techniques
and prove a theorem that relates the departure time of a are appropriate when the packet sources can be well char-
packet in a fluid FCFS multiplexor to its departure time in acterized deterministically, they lead to underutilization of
a packet multiplexor that uses generalized Virtual Clock al- resources when the sources have significant statistical vari-
gorithm for scheduling packets. This theorem enables usations [12]. Analysis techniques for packet scheduling al-
to use extant analyses of fluid FCFS multiplexors for pro- gorithms that enable a network to provide statistical guaran-
viding statistical QoS guarantees in a network that employs tees and, thus, achieve higher utilization of resources have
the generalized Virtual Clock algorithm. We utilize the ex- largely remained unexplored [1].
tant analysis of FCFS fluid multiplexors serving two-state i ) i
on-off sources with exponentially distributed on and off du- !N this paper, we take a step towards addressing this
rations to evaluate the increase in utilization yielded by our Problem by deriving a statistical delay guarantee of the gen-

analysis technique. Our experiments demonstrate that for€ralized Virtual Clock scheduling algorithm [10]. We first
one of the source models employed in the literature, our Model the sources as fluid processes and analyze the queu-

technique can increase utilization by upt@®0% compared ing behaviour of a FCFS fluid multiplexor. We then de-
to previously know statistical analysis methods.

fine the concept of aequivalentfluid and packet source
and prove a theorem that relates the departure time of a
packet in a fluid FCFS multiplexor to its departure time in
a packet multiplexor that uses generalized Virtual Clock al-
gorithm for scheduling packets. This theorem enables us
i i to use extant analyses of fluid FCFS multiplexors for pro-
' Integrateq services networkg are rqulred to supportgva'viding statistical QoS guarantees in a network that employs
rlety' of a'pp!lcatlons. (e.g., ‘f’““'d'o and video conferencing, ¢ generalized Virtual Clock algorithm. We utilize the
multimedia information retrieval, ftp, telnet, WWW, etc.) gnajysis of FCFS fluid multiplexors serving two-state on-
with awide range of Quallty of Serwce (QoS) feqU'rem?”tS- off sources with exponentially distributed on and off dura-
Whereas continuous media applications such as audio angigns presented in [2] to evaluate the increase in utilization
video conferencing require a network to provide QoS guar- yia|ded by our analysis technique. Our experiments demon-
antees with respect to bandwidth, packet delay, and 10SSgqte that for one of the source models employed in the lit-
applications such as telnet and WWW require low packet g4t re, our technique can increase utilization by 4pess

delay and loss. Throughput intensive applications like ftp, compared to previously know statistical analysis methods.
on the other hand, require network resources to be allocated

such that the throughput is maximized. A network meets  The rest of the paper is organized as follows. In Sec-
these requirements primarily by appropriategheduling  tion 2, we derive the statistical delay guarantee of gener-
its resources. alized Virtual Clock algorithm. We present the results of

To appropriately schedule network bandwidth, several our experiments and related work in Sections 3 and 4, re-
packet scheduling algorithms have been proposed in the lit-spectively. Finally, Section 5 summarizes the results of this
erature [3, 4, 5, 7, 9, 11, 13, 14, 15, 21]. Furthermore, paper.

1 Introduction



2 Analysis of Generalized Virtual Clock source. This notion of equivalence is strong. Instead, we
consider a packet source to be equivalent to the fluid source
Several data and continuous media sources such as auf it generates a packeto later thanthe time at which the
dio and video have an intrinsic rate of traffic generation that first bit of the packet would be generated in the fluid source.
varies over time. Hence, they can be modeled as fluid pro- To formalize this notion of equivalence, we define a rate
cesses generating fluid at time varying rates. Let the ratefunction for flow f, denoted byR;(t), based orexpected
of fluid generation for sourcg at timet bef%f (). To de- arrival time of packets. The expected arrival time of a
termine delay and loss incurred by the fluid sources, con-packet is the time at which the first bit of the packet would
sider a multiplexor serving) sources. Let the scheduling be generated in the fluid system. To formally define it, let
algorithm at the multiplexor be FCFS and the stochastic be-rjc be the rate at Whicla‘; is generated. Then, the expected
haviour of the@ sources be such that the queue length at arrival time ofp‘j” denoted b)EAT(p‘j;, 7”‘})1 is defined as:
the multiplexor at any time, denoted byi¥ (¢), is given as:

. o : o Pt
P(W(t) > ) <G() EAT(p),rl) = max{mp;), BAT(p)™! vl ™) + f; }
Let us assume that functia¥i(y) can be determined from ,
the statistical characterization of the fluid sources. Hence,whereEAT(p?’r?) + f«io = 0. We defineR;(t) to be the
the delay and loss behaviour of the fluid sources is known. L s ) o .
Since in computer networks sources transmit data as pack!at€ at whichy; is generated in the time interval between its

ets, our objective is to use functiéi(y) to determine QoS expected arri\{al timg and the time at Which.its last bitwoulq
guarantees in aequivalenpacket system. Clearly, this can P€ generated ina fluid flow system. In a fluid flow system, if
be achieved only if appropriate packet scheduling algorithm the first bit ofp; is generated at tim&' AT (p}, r7), its last

is employed by the packet multiplexor. We choose general-pjt would be generated at tirn@AT(p‘}’ r‘}) + @ Hence,
ized Virtual Clock (VC) as the packet scheduling algorithm. "t

To achieve our objective, we: Ry (t) is formally defined as:

¢ Define the concept of equivalent fluid and packet ar- r‘} if 353 (EAT(p‘j;,r‘}) <t
rival processes (Section 2.1), - y
. | o mW=y <parg)o+ )
¢ Relate the departure time of a packet in the multi- "y

plexor employing the VC scheduling algorithm to the 0 otherwise
departure time of the last bit of the packet in the FCFS ] . .
fluid multiplexor when the arrival processes at the We define a packet source and fluid source to be equiva-

packet and fluid multiplexors are equivalent (Section 'ent if R (t) = R(t). Observe thatt;(t) changes only
2.2), and at discrete time instants and does not vary during interval

. . . . l] —~
. . EAT (P, vl), EAT(p, vl + L. =
¢ Derive the QoS guarantees for sources in a general-[ (py.77), (ppor7)+ r}] Hence,f; (t) = Ay (1)
ized VC multiplexor using the relationship between only if fluid source changes rates at discrete time instants.

the fluid and packet system (Section 2.3). We assume that this assumption is satisfied by the fluid
source.
In the following sections, we will use the following ter- An important aspect of this notion of equivalence is that

minology. We will refer to the sequence of packets transmit- it only requires a packet of a flow to arrive no later than the
ted by a source to a destination as a flow. A flow is served time its first bit is generated in the fluid source; a packet
by a sequence of packet switches (routers). We will refer tomay actually arrive much earlier than that. Thus, there
the output port of a switch as a server. Ti& packet of a are infinitely many packet arrival processes that would be

flow and its arrival time will be denoted by, andA(p}),  considered equivalent to a fluid process. To illustrate this,
respectively. consider an example fluid source that has tabgkt /s in
(1,5], 1pkt/s in (5,7], and0 elsewhere. Then, a packet
2.1 Equivalent Fluid and Packet Processes source would be equivalent to the fluid source as long as
packets 1,2,3, and 4 arrive by time 1,3,5, and 6, respectively.
Consider a fluid sourcé¢ generating fluid at ratéf (t). Figure 1 illustrates two packet arrival sequences that satisfy
Then, a packet source can be considered equivalent to a fluidhis assumption and thus are equivalent to the fluid source.
source if it generates a packetactlyat the time at which We now use this concept of equivalence to derive a new

the first bit of the packet would be generated in the fluid delay guarantee of generalized Virtual Clock algorithm.
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Figure 1. Equivalence of Fluid and Packet Sources

2.2 Deay Guarantee of Generalized Virtual

Clock

The generalized Virtual Clock (VC) scheduling algo-
rithm, defined in [10], is a generalization of Virtual Clock

presented in [22]. This generalization is based on the obser-
vation that since several continuous media and data sources

packetp’, departs in the fluid FCFS server. Then, since
the last bit of packet is generated at titvie’ (p}, /)

BAT(p}, vl) + £,
!

we conclude that:

lmax

Lve(p}) < L(p)) + 5

generate data at time varying rates, a scheduling algorithmyence, the departure time of a packet in a VC server is at

should be able to allocate variable rate to the packets of angst

flow. Specifically, it is defined as follows:

1. On arrival, packepf is stamped with virtual clock
value, denoted by C(p}, ), computed as:
VC(pf,rf) EAT(

wherer’, is the rate assigned jg.

2. Packets are serviced in the increasing order of the vir-

tual clock values.

Consider a VC server serving flows. It was shown
in [10] that if ¢ is the capacity of the server and
Y neq Ia(t) < Cforallt, then the VC server guarantees

that the departure time of a packet, denoted by (p‘j;), is
given as:

lmax

)+ (1)

where /..., IS the maximum packet length served by a
server. Our concept oéquivalencebetween fluid and

Lve(p)) < Ve,

packet sources allows another interpretation of this guar-
Let the rate assigned to a packet be the rate at

antee.
which itis generated in the fluid system. Observe that when
> neq Fn(t) < O then buffer does not build up in a FCFS
fluid server serving thequivalent fluid flows. Hence,

the last bit of a packet departs at the time at which it ar-
rives. LetL(pl) denote the time at which the last bit of

lmaz

more than its departure time (i.e., the departure
time of the last bit) in the FCFS fluid server serving equiv-
alent fluid flows.

The above delay guarantee of a VC server and the re-
lationship between the departure time of a packet in a VC
server and equivalent FCFS fluid server holds only when
> neg Ia(t) < Cforall t. When flows have significant
statistical variations in their rate, i.e%,,(¢) varies signifi-
cantly over time, then ensuring thal | _, R, (t) < C' may
lead to significant underutilization of resources. To achieve
higher utilization of resources, it is desirable to derive the
delay guarantee of a VC server whgn, .o R, (t) > C.

We achieve this objective in Theorem 1 by relating the de-
parture time of packet in a VC server to its departure time
in a FCFS fluid flow server serving equivalent fluid flows
withoutputting any constraints on the rate functions.

In what follows, we will use the following terminology.
We will consider the arrival and departure time of a packet
in the fluid server to be the arrival and departure time of its
first and last bit, respectively.

Theorem 1 If the flows served by a VC server and a FCFS
fluid server are equivalent, then the departure time of packet
p; ina VC server is given as:

lmax

C

Lve(p}) < L) +

Proof: Let W(t1,t2) and W(tl,tz) denote the work done
by the VC server and FCFS fluid server, respectively, in



[t1,12]. Also, letT'(w) be the time taken to complete work
w. Now, consider pack@t;. Definety, t1, and¢- as follows
(see Figure 2):

o iy = LVC(P‘})-

e ty andi;: Letty be the largest time instant less than
{5 in the busy period of the VC server in whigh
is served at which a packet with Virtual Clock value
greater than that o;ﬁ‘} is scheduled. Let; be the
time at which such a packet finishes service. If such
a packet does not exist, ggtandt; to the beginning
of the busy period of the VC server.

Observe that pack@tj; arrives only after; in the VC
server. This can be observed by considering two cases:

e t; is the beginning of the busy period: In this case it
is trivially true.

tp is not the beginning of the busy period: From the
definition of ¢, we know that a packet with virtual
clock value greater than that pﬁ was scheduled at
to. Since a VC server schedules packets in increas-
ing order of virtual clock values, we conclude tmﬁt
could not have arrived bsp.

Hence, p’. arrives only aftert; in the VC server. Since

the fluid and packet arrival processes are equivalent and a

packet can arrive only earlier in the packet system, we con-
clude thatp‘} can arrive only after, in the fluid system.

Henceto < L(p}). Therefore, we get:

(2)

To determine the relationship betwee%(p‘j}) and

Lyc(p}), our objective now is to relatéV (f, L(p}))
to variables in the VC server. To do so, we relate
W(t$, L(p}))) toW(t1,12). Observe that:

o Packets served by the VC servelfin, to] are served
by the fluid server after,: First, observe that packets
served inty, t5] arrive only after, in the VC server.
Consider two cases:

— 1o is the beginning of the busy period: The
claim holds trivially in this case.

— t¢ is not the beginning of the busy period: In
this case, from the definition of we know that
a packet with virtual clock value greater than

the virtual clock values of the packets served
in [t1,t2] was scheduled af;. Since a VC
server serves packets in increasing order of vir-
tual clock values, the packets served[in ¢s]
could not have arrived bg.

Hence, packets served [in, ¢5] in the VC server ar-

rive only aftert, in the VC server. Since fluid and
packet processes are equivalent, a packet can arrive
only earlier in a VC server than in the fluid system.
Hence, we conclude that the packets served by the
VC server infty, to] arrive only aftersy in the fluid
server also and are consequently served &fter

Packets served by the VC serveffin ¢2] are served
by the fluid server by (p}): In the fluid arrival pro-
cess, the last bit of a packet is generated at time equal
to the Virtual Clock value of the packet. Since the
fluid multiplexor is FCFS, we conclude that the pack-
ets depart the fluid server in the order of their Virtual
Clock values (packets with equal virtual clock values
depart simultaneously). Hence, all packets with Vir-
tual Clock value less than or equal to thatpt?fwill

be served in the fluid server l:@(p‘}). Since all the
packets served in time intervil, t;] by VC server
have virtual clock value less than or equal to that of
p‘}, we conclude that they will be served by the fluid

server byL(p}).

Thus, we conclude that the packets served by the VC server
in [t1,12] will be served by the fluid server i, L(p})].
Therefore, we get:

Wty t2) < Wt L(p}) €)

Using (3) to substitute in (2), we get:

Wi(ti,t2)
C

Since the VC server is busy [, 2], W(t1,t2) = (t2 —
t1)C. Hence,

to + < L(p})

(ta —t1)C

to + C

L(p})

() + (81 — to)

)

ts

IN

Sincet; = Ly c(p}) andt; —to < 'ms=, we get:

l

max

C

Lve(p}) < L(p)) +

|
Note that we have made no assumptions about the rate
functions in Theorem 1. The Theorem yields (1) when
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Figure 2. Timeline in the Virtual Clock server

Y neq Ita(t) < C but continues to hold even when e The fluid server uses the GPS scheduling algorithm.
> neq Rn(t) > C. Thus, it subsumes the previous the- Thisis in contrastto Theorem 1 where the fluid server
orems on Virtual Clock. Furthermore, to the best of our is a FCFS server.

knowledge, this is the only result that relates the departure
time of a packet in a fluid FCFS server to that in a packet
server.

The relationship between the fluid analysis and the

We demonstrate the importance of these differences by
illustrating through an example that a result which is analo-
gousto (4) does not hold for Virtual Clock. L&t v ¢ (p})
be the departure time of a packet in a fluid VC server when

packet analysis only requird®,(t) = R,(t). As we had . ; .
observed earlier, there are infinitely many packet arrival flwd.equwalen.t to the length of a packet arrives ‘?Xac“y at
the time at which the packet arrives. Then, a claim analo-

process that satisfy this assumption. Thus, the relationship i
between fluid and packet analysis for a Virtual Clock server gous to (4) would be:

holds for infinitely many realizations of a fluid process. This j iy lmae

weaker notion of equivalence is desirable in packet net- Lvelpy) < Lr-velry) + —5- )
works because due to variation in packet processing times . . Lo
as well as granularity of timers at thg host operating system,The following example demonstrates that this claim is in-
packets may not be generatexhctlyat the time they are correct,

required to be. Furthermore, this weaker notion of equiva- example 1 Consider a server with capacitibits/s. Let
lence provides protection from flows that misbehave either it serve three flows each with rate offit/s. Let the length
intentionally or due to faulty hardware. of packets transmitted by flowsand3 be 1 bit and that by
The above theorem can be misinterpreted as being th&jow 2 be 2 bits. Let flowsl and?2 send9 and 7 packets,
same as Theorem 1 of [13] that relates the departure time ofegpectively, at time. Let flowl send an additional packet
a packet in a Packet-by-packet Generalized Processor Shaty; time 7+, and flows infinite number of packets at time

ing (PGPS) server to its departure time in a fluid General- 72. Now, consider the departure timesgf’ in fluid Virtual
ized Processor Sharing (GPS) server. However, there arg|ock and Virtual Clock servers.

several important differences. To elucidate the differences,

let us briefly review Theorem 1 of [13]. The theorem states ¢ Fluid Virtual Clock: The virtual clock values qf;
that if Lpgps (p}) is the departure time of packgt in a andpi® are 14 and 10, respectively. Hence, the fluid

. ; i~ 10 7 _
PGPS server anflgps (p‘}) is its departure time in a GPS Mirtual Clock server will service; ™ beforep;. Con

server under theame arrival sequenagf packets, then: sequently,
] ] lmax 10y _ =7+ 1
LPGPS (p‘;) S LGPS(p‘Zc) + C (4) LF—VC(pl ) =7 + 3 (6)
There are two important aspects of (4). e Virtual Clock: p1° can not be scheduled ungf, fin-
e (4) is derived under the assumption that, in a GPS ishes at timg' 2. But at time7 Z, packets from flow
server, fluid amount equivalent to the length of a arrive. The virtual clock values for flowpackets are
packet arrives exactly at the time instant at which the given as:
packet arrives in the PGES server. This is in con VO 1) =72 + & @)
trast to our notion of equivalence between fluid and 3
packet sources in which the packet can arrive in the Hence, we conclude that virtual clock value of packet
packet system significantly before it starts arriving in p3 is less than virtual clock value qfi°. Conse-

the fluid system. quently, packets: and p3 will be served beforg:®



is served. Hence, we get: Using (10) and (11), we get:

breti) =75+ 3 ® Lvelr) < VE@, )+ 2 g 4 e )
From (6) and (8) we conclude that (5) does not hold. From (12) and (9), we conclude that if we drop paqkjét

. . }{/}A{(to) .
The example can be extended to demonstrate that the depa}’yhen it does not satisfy (9), .th ¢ > d. Thus, if we
ture time in the packet system can be arbitrarily away from assume that all the flows are independent and the state of the

the departure time in the fluid system. This example also U€U€ observed by aflow s the same as the time average of

demonstrates that our concept of equivalence between flui he queuet; then the' pr°b3b""¥ of loss of a packet, denoted
and packet sources is central to the derivation of Theorem?Y ¢ €an be approximated as :

1
qg=2P (—W(t) d)
2.3 Determining QoS Guarantees for Flows

Our objective is to determine the QoS guarantees for Sincer’ (W(t) > 7) < G(v), we get:
flows being served by a generalized VC server. As outlined
before, we achieve this objective by: g=G(C-d) (13)

e Using fluid flow analysis of FCFS fluid flow server Thus, givend and((y), the loss rate for a flow can be de-
serving equivalent flows to determine the QoS guar- termined using (13). Furthermore, a bound on the departure
antees for the flows, and time of packets is determined using (9).

Our objective now is to determine the maximum delay

o Utilizing Theorem 1 to determine the QoS guarantees incurred by packets at the VC server using (9). Recall that
for the generalized VC server. Theorem 1 and consequently (9) holds for infinitely many

arrival processes. To determine the maximum packet delay

incurred by packets in the VC server, we need to constrain
the packet arrival process. Hence, we assume that the pack-

' ets arrive at their expected arrival time. Thus,

Consider a FCFS fluid flow server serving flows that are
equivalent to the flows in a generalized VC server. Let in-
finite buffer be available at the fluid server. Furthermore

let the behaviour of flows be such thBt(/W(t) > 7) <

G(7). Letus assume that the functiofiy) is known. Now, GG A iy gy ﬁ
consider an equivalent VC server. Since the VC server will VClwyry) = Alpy) = VO rp) = EAT(py,m7) = r}
have finite buffer in practice, let it serve only packets for (14)
which Hence, using (9) and (14), we conclude that delay for packet
, o Lo p}, denoted byt is given as:
Lvelpy) S VO ) +d+ === ) .
i f lmax
whered depends on the available buffer space, denoted by dy < i +d+ O
f

B, at the server (one possible relationship betweand B

is B = C'- d). Thus, in the VC server packets for which (9) Hence, the maximum delay incurred by packets of flow

?s not satisfied are dropped. Hence, thg loss rate for a flowjg gmas — max{d‘}} where the maximum is over all the

is given by the probability of (9) not being satisfied. Our packets of the flow. Thus, using the analysis of a fluid FCFS
objective now is to employ the fluid analysis and Theorem server, we can determine the delay and loss guarantees for

1 to determine the loss rate. a flow in a generalized VC server. Our objective now is to
Observe that in the fluid server the last bit of a packet extend this analysis to a network of servers.

is generatEd at its virtual clock value. Hence, in the fluid We extend the above Sing|e server ana|ysis to mu|t|p|e

server: - servers by employing the methodology in [20]. We assume
~ o Wit : . o
L(p‘}) < VC(p‘}, r‘}) n (to) (10) that all the servers in the netwolrk emplo'y generalized Vir

C tual Clock as the packet scheduling algorithm. Furthermore,

wheret, = VC(p‘j;, r%). From Theorem 1 we know that we assume that the mechanisms required for allocating vari-

able rate in a VC server to the packets of a flow (such as the
i S Linas fast reservation protocol in [16]) are available. Finally, we
LVC(pf) < L(Pf) + C (11) assume that jitter controller as in [20] is employectath




server to reconstruct the traffic pattern of each flow at each[2]. Thus, functionGG(y) such thatP(W(t) >v) < G(y)

server on the path. Let there B¢ servers on the path of
flow f and:’” server on the path be servier Also, letq’

whent — oo is known. As argued in [18P (W (t) > v) <
G() even whery is finite. Hence, we can determine the

andd’}'"*" be the packet loss probability and the maximum delay and loss probability in the fluid FCFS server. Thus,
packet delay at servérdetermined using the single server using the analysis presented in Section 2.3 we can use it to
analysis. Then, as shown in [20], the maximum end-to- determine the delay and loss probability in the VC server.

1=K jmazx
=1 df

end delay isy "~
isYoicy 4t

and the packet loss probability

We now present our evaluation for EXP1 and EXP2
sources when the capacity of each of the servers in the net-

In the next section, we evaluate the increase in utilizationwork is10M b/s and the packet size ig 2 bits.

yielded by our analysis.

3 Experimental Evaluation

We determine the increase in utilization when a network
provides statistical guarantee to on/off sources with expo-
nentially distributed on and off periods. An on/off source
is a two state process that is either in an “on” state or in an
“off” state. It generates data at a constant r&tan the on
state and no data in the off state. The time spent by it in on
and off state are exponentially distributed. Thud,jf and
1,r; denote the average time spent by the source in on and
off state, respectively, then the source is completely charac-
terized by the tupl¢l,,, I,¢, R). We choose two specific
values for the tuple and term the resultant sources EXP1 and
EXP2:

e EXP1: For this source/,, = 312ms, I,;; =
325ms, andR = 64Kb/s. This model has been con-
sidered appropriate for audio source [12].

e EXP2: For this source/,, = 9.76ms, l,;; =
90ms, andR = 1Mb/s. This is one of the source
models used in [12] and may be appropriate for some
data sources.

In both the models, we assume that only complete packets
are generated, i.e., if the source would make a transition
to off state before a complete packet can be generated, no
packet is generated.

For ease of analysis, we consider networks that only
serve either EXP1 or EXP2 sources but not both. Further-
more, we assume that the load on each server on the path
of a flow is same, i.e, each server serves same number of
flows. In such a case, h‘?“” andq are the maximum de-
lay and packet loss probability at a single server, then the
maximum end-to-end delay §d7*" and the packet loss
probability is K'q. Thus, we can determine the end-to-end
delay and loss probability from the single server analysis.

To determine the loss probability and maximum delay
for a flow in a VC server, we require the functi@n(-y)
for a FCFS fluid server serving equivalent fluid flows. The
steady state distribution of queue length of a FCFS fluid
server when all the sources are identical on/off fluid sources
with exponentially distributed periods has been derived in

¢ EXP1: Figures 3(a), 3(b), and 3(c) plot the end-to-

end delay versus number of flows foy 5, and 10
server paths, respectively, for EXP1 flows. As Fig-
ure 3(a) demonstrates, the maximum delay %69
flows is13.8 ms when the desired loss probability is
10~% and there is one server on the path. This illus-
trates that our analysis matches the performance of
the measurement based admission control algorithm
in [12] which accept250 flows on an average. The
figures also show that the end-to-end delay increases
with increase in the number of servers. For example,
the delay increases .9 ms for269 flows when the
number of servers increasesito

To validate the analytical predictions, we simulated a
VC server serving69 EXP1 flows for1000 seconds.

In conformance with the predictions, no packet was
lost in the simulation.

EXP2: Figures 4(a), 4(b), and 4(c) plot the end-to-
end delay versus number of flows foy 5, and 10
server paths, respectively, for EXP2 flows. As Fig-
ure 4(a) demonstrates, the maximum delay Tor
flows is41 ms when the desired loss probability is
10~% and there is one server on the path. This illus-
trates that our analysis matches the performance of
the measurement based admission control algorithm
in [12] which acceptg’5 flows on an average. Also,
the maximum delay incurred by a packet was found
to be42ms through simulations in [12]. Thus, the an-
alytical predictions conform with simulation observa-
tions reported in the literature. The figures also show
that as in the case of EXP1, the end-to-end delay in-
creases with increase in the number of servers. For
example, the delay increasetl .7 ms for79 flows
when the number of servers increases.to

To validate the analytical predictions, we conducted
several simulations. In each simulation, a VC server
served fixed number of EXP2 flows. Each simula-
tion was conducted far000 seconds and packets that
violated (9) were dropped. For a given number of
flows, the delay ternd in (9) was determined from
Figure 4(a) for loss probability of0—3. Figure 5
plots the experimentally observed loss rates averaged
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Figure 3. EXP1 source: (a) 1 Server, (b) 5 Servers, and (c) 10 Servers
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Figure 4. EXP2 source: (a) 1 Server, (b) 5 Servers, and (c) 10 Servers

over all the flows for varying number of flows. Ob- leverage off existing analysis for FCFS fluid servers and fo-
serve that the average loss rate is significantly below cus on determining the performance guarantees of an equiv-
10~3. Furthermore, we found that the loss rate for all alent packet system. In contrast to a VC server, extant anal-
the flows was below0~2 (in fact the loss rates for all  ysis of fluid FCFS servers can not be employed for PGPS
the flows was significantly below0~3). Hence, we  server. Other differences between the guarantees of a PGPS
conclude that the simulations confirm the analytical and a VC server have been discussed at length in Section
predictions. 2.2.
An approach for providing statistical QoS guarantees to
If the network were to provide deterministic guarantees, flows in a VC server has also been presented in [17]. The
then at most 60 EXP1 flows(% = 160) and10 EXP2 approach in [17] employs ttaeterministiddelay guarantee

flows ( %?‘%7? = 10) could have been accepted regardless of Of @ VC server to provide statistical guarantees as follows.

the maximum acceptable end-to-end delay and the numbeft assumes that packets that casg., 1x(t) to exceed

of servers on the path. In contrast, from Figures 3(b) and ' @€ dropped. Hence, the packet loss probability, denoted
4(b) we conclude that our analysis allows the network to PY ¢ iS @pproximated as:

accept269 EXP1 flows andr9 flows when the number of

servers on the path i the desired loss probability i$=°, g=1"r Z R,(t) > C (15)

and maximum end-to-end delay ®f.9 ms and221.7 ms neQ

is acceptable for EXP1 and EXP2 flows, respectively. This ] ) )

demonstrates that our analysis enables a network to achieveince in a fluid server with zero buffer loss occurs when-

significantly higher utilization when statistical guarantees €Ver2_,cq fin (1) exceed<, we term this theZero Buffer
are acceptable. approach. The loss probabilityis determined using the

probability distribution of the rate function afach flow.

The single server analysis is extended to multiple servers
in a manner analogous to ours. The key difference between
this and our approach is that whereas in this approach pack-

Statistical guarantees of Generalized Processor Sharingts that cause ., ., 1. (t) to exceed(' are dropped, we

(GPS) when the sources hasponentially bounded bursti-  buffer packets that may lead to violation of this condition
nesshave been derived in [18, 19, 23]. Our approach is dif- and drop only packets that violate (9). Thus, our approach
ferent from the approach takenin [19, 23]. Whereas [19, 23] utilizes additional buffer in servers and, hence, is termed
focus on analyzing the behaviour of a fluid GPS server, we Finite Bufferapproach. The advantage of Finite Buffer ap-

4 Related Work
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proach over Zero Buffer is that it provides additional flexi- approach (Finite Buffer) enables a network to achieve sig-
bility to a network and enables it to achieve higher utiliza- nificantly higher utilization than the approach (Zero Buffer)
tion when the maximum acceptable delay for flows is higher in [17].
than the minimum that can be guaranteed. To demonstrate
this, we determl.ne the 'number of EXP1 and EXP2 flows 5 Conclusions
that can be admitted using the Zero Buffer approach.
The probability distribution of the rate function for EXP1 . . .
; : . In this paper, we derived a statistical delay guarantee of
and EXP2 sources is determined as follows. The probabil- ! . ; :
. o : I the generalized Virtual Clock scheduling algorithm. We de-
ity of being in on state, denoted by, is po, = —%—, ' : :
d being in off state. denoted i 1 on+_|_F]ff fined the concept of aaquivalentfluid and packet source
?Dn elngln O_S ate, g;o € byfj ,OIS— - po”'H us, and proved a theorem that relates the departure time of a
h(}g‘.(t).g R) _fp%” an f(Rf (.t) _f )h_é))o(gi e;%e)’(PZ packet in a fluid FCFS multiplexor to its departure time in
the distribution of the rate function of the an a packet multiplexor that uses generalized Virtual Clock al-

sogrlczzispg,ﬂknowtr;]. tThUSB th% m.ztatxgnfum nqmber OkatXIPl gorithm for scheduling packets. This theorem enables us
an ows that can be admitted for a given packetloss, |,qq axtant analyses of fluid FCFS multiplexors for pro-

probablllty |n'Zero Buffer approach can be determined us- viding statistical QoS guarantees in a network that employs
ing (15) and its extension to the multiple server case. F'g'the generalized Virtual Clock algorithm. We utilized the
ures 6(a) and 6(b) plot the number of flows a}dmltted for analysis of FCFS fluid multiplexors serving two state on-
different number O.f SETVers on the path and different end- off sources with exponentially distributed on and off dura-
tp-end loss .probab|I|ty for EXP1 and EXP2 sources, reSPeC-tions presented in [2] to evaluate the increase in utilization
tively. The f|gqres demonsrate tmﬂ EXP1 andzol EXP62 yielded by our analysis technique. Our experiments demon-
flows are adm'ttEd when the desired loss probabilityis .. strate that for one of the source models employed in the lit-
and there is one server on the path. The number of adm'ss"erature, our technique can increase utilization by 4pedé

ble EXP1 and EXP2 flows decreasgszn@ and18, respec- compared to previously know statistical analysis methods.
tively, when the number of servers increases.to
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