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Abstract

This paper presents a steady-state analysis of rate-based flow control operating with the regular window mechanism of the transport protocol in
ATM local area network (LAN) or local high-speed network environments. The rate control schemes are divided into single-threshold and two-
threshold cases. By applying Norton’s theorem for queuing model simplification and deriving a computation algorithm, the analytical results for
steady-state performance of these schemes are found to be computationally efficient and yield accurate approximations. In the numerical results,
the rate control schemes have been shown to have significant effects in reducing congestion levels at the receiving entity as well as in the high-
speed networks. We also conclude that the two-threshold rate control scheme can be more effective in alleviating network congestion conditions
than single-threshold control, while keeping the control overhead (in terms of the rate adjustment frequency) at a low level, provided that threshold

values are selected appropriately. The total throughput could be affected, but only in a limited fashion. © 1997 Elsevier Science B.V.

Keywords: ATM; Rate Control; LAN

1. Introduction

In recent years the development of high-speed networks
has triggered the re-examination of the applicability of
existing control techniques in this new environment, and
has led to a series of studies in flow and congestion control
issues. The two major areas in these studies are window-
based and rate-based flow control. For the widely studied
static window-based models, readers are referred to pre-
vious works [1-3]. However, it has been pointed out in
Ref. [2] that performance of window-based transport proto-
cols can be easily degraded in a high-speed environment. In
turn, rate-based flow control schemes [4-7], especially
feedback-based approaches, have attracted much more
attention and seem more promising for high-speed net-
works, especially for ATM LANs.

Rate control schemes that operate on an end-to-end basis
are easier to implement in the higher protocol layers, espe-
cially when end-to-end transport is considered [8-10].
There are two typical approaches in the implementation of
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a rate control scheme. The first approach is to control the
amount of data transported across the network, which is also
called ‘‘credit’’ [9], while the second approach is to main-
tain a minimal departure time interval [8]. However, rate
control schemes alone cannot provide all the control func-
tions required in a transport protocol. Since the acknowl-
edgment operations in window flow control can be used
together with error-control schemes such as Go-back-N
and selective repeat ARQ, both the rate and the window
mechanism are included in protocols like XTP [9] and
NETBLT [10]. Although combined flow control techniques
are more complicated, we believe such control methods in
the transport protocol will become more popular in the
future, so that related performance issues deserve detailed
investigation.

In the following, we first give a brief review of existing
analytical results of multitayered models for window flow
control and theoretical models for rate control schemes to
illustrate the need for such a framework.

With respect to the analysis of multilayered communica-
tion protocols, a typical approach is to construct a queuing
network model based directly on the structure of the ISO
reference model, and then to solve the resulting model using
an iterative approximation procedure and existing formulas
for BCMP? networks [11]. For details of networks in various
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LAN environments, see Refs. [12,13]. More recent results
can be found in Fdida et al. [14], who present a methodology
for analyzing networks controlled by a nested sliding win-
dow mechanism, whereby each layer of sliding window
control can be simplified to a state-dependent infinite server
queue using a flow-equivalent method. Also, Shapiro and
Perros [15] present a hierarchical method for analyzing
nested sliding windows in a multilayered environment, pay-
ing specific attention to the analysis of packet fragmentation
and reassembly behavior. To facilitate the analysis of multi-
layer operations, an equivalent queue methodology is also
applied. However, in Ref. [15] no effort is made to extend
the models to cover the case of rate control schemes. The
combination of both window and rate control schemes is
discussed only in Refs. [9,17] with no analytical results.

With rate control schemes, analytical results for models
which employ queue size as a congestion indicator can be
found in Refs. [6,7,18,19]. A simple analytical model with a
single source is solved in Ref. [6] to observe the time-depen-
dent behavior of the sending rate and the queue size at the
bottleneck in both steady state and transient regimes. A
feedback control policy in a packet switching network
with significant propagation delay is investigated in Ref.
[7], where the behavior of each individual source can be
analyzed in a multiple virtual circuit environment. In Ref.
[18] the network background traffic is modeled as the dis-
turbance in the service rate of the congested node using a
fluid flow model. In Ref. [19] a two-threshold feedback rate
control policy is investigated. Among these papers, only
Ref. [19] employed a discrete-time Markov chain, and the
differential equation technique remains the most popular
analytical approach. In Refs. [6,7,18,19], analytical results
were successfully used to illustrate various behaviors of
rate-based flow control. However, none of these results
can be easily extended to queueing models which incorpo-
rate a window mechanism such as those in the high-speed
transport protocols; and none of the models are used to
characterize the behavior of those rate control schemes via
message interval control. Hence, we can conclude that a
framework for the queueing analysis of a transport protocol
that can incorporate both window-based and rate-based flow
control still merits further investigation.

In this paper we study the steady-state performance of
typical rate control schemes that can be employed in a win-
dow mechanism of the transport protocol in ATM LANSs.
These rate control schemes are based on message transmis-
sion interval enforcement and operate with single-threshold
or two-threshold options for congestion feedback mechan-
isms at the message level. In more recent developments of
ATM switches, the per-VC queueing and packet-based buf-
fer management policies, such as early packet discarding
[16], have also become popular. All of these new trends
indicate that such a message-based control scheme could
be promising in future high-speed LANSs.

In Section 2 we describe in detail a queueing model and
the operation of a generic rate-controlled window scheme

that fit the needs of data transport in ATM LANS. In Section
3 we present a queueing analysis for single-threshold and
two-threshold rate control. In Section 4, numerical results
and validation, we provide approximate results as well as
simulation statistics. Finally, in Section 5 we present our
conclusions.

2. The rate control scheme in a transport layer

In this section we describe briefly how a typical rate
control scheme behaves when it is incorporated into a win-
dow mechanism in the transport protocol. Details of the use
of such an integration of both window and rate control
schemes are given in Refs. [9,10]. We consider a network
environment in which two transport layer entities on sepa-
rate end-systems are connected to an ATM LAN switch.
The end-systems assume a multiple-layer protocol stack
over ATM, while the transport protocol operating on these
two transport entities performs end-to-end flow control. The
end-to-end flow control protocol is assumed to be transpar-
ent to the lower layer protocol. Briefly, there are two major
flow control mechanisms operating simultaneously in this
transport protocol: window-based and rate-based control.
This window mechanism imposes no constraints on the
rate at which messages can be sent.

The rate-based control scheme ensures that the interval
between two consecutive message transmissions is larger
than or equal to a minimum gap. The operation of the
rate-controlled window scheme is as follows. When the
sending transport layer entity, called simply the sending
entity, has messages to transmit, a timer is used to control
the interval between the starting instants of two consecutive
message trausmissions, so that messages can not be sent by
the sending entity until the timer expires. In contrast with
traditional window control, the message must be held for a
period of time even if the current residual window size is not
equal to zero. As in legacy window schemes, every message
is acknowledged by the receiving entity via the other link in
the reverse direction.

In addition, the ATM LAN switches are responsible for
reporting network congestion to the sending entity by mon-
itoring the number of messages queued in switches. When
the number of messages in the switch exceeds a congestion
indication threshold, a congestion condition is signalled to
the lower-layer entity of the end system by a special RM
(resource management) cell. The congestion indication is
then passed to the transport layer entity. Alternatively,
when the feedback information reflects only the cell-level
congestion information, the lower-layer entity is responsible
for interpretation and should translate it to the message-
level congestion indicator. After the lower-entity reports
congestion indication to its upper layer, the message send-
ing rate is lowered. Only when the message queue is
reduced below a congestion relief threshold, can the mes-
sage sending rate return to its original rate. In our scheme,
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Fig. 1. (a) Original queueing model, (b) shorted queueing network, and (c) equivalent queueing network.

we call it a single-threshold case if the congestion indication
threshold is the same as the relief threshold; otherwise, it is
called the two-threshold case.

3. The queueing model

Since our objective is to model the behavior of the trans-
port protocol during heavy traffic conditions, we employ a
closed queueing network model. Similarly, we assume that
the sender is always ready to transmit. Considering that a
transport protocol must perform error control functions
using the same window mechanism, we assume that the
underlying lower-layer protocol and ATM LAN provides
sufficiently reliable transmission so that the window
mechanism performs only flow control functions instead
of error control. The loss of messages thus has a negligible

impact on transport protocol performance. We assume that
lower-layer protocol processors have infinite buffers and
their probability of message loss is zero. In the following,
we describe such a closed queueing network model for our
rate-controlled window mechanism.

The queueing network is shown in Fig. 1(a). In order to
represent such a queueing model in a simple manner, we use
two symbols, Join and Split, as shown in Fig. 2. Seven
queues in total are included in this model: Token,
Token_holding, Holding, Sending, Network, Receiver and
Ack. Obviously, here the Network and the Ack queues repre-

. sent the equivalent queues in the forward and reverse direc-
tions of the underlying network service (including network
layer, AAL and ATM layers, etc.), respectively. The proto-
col processor of the receiving entity is represented by the
Receiver queue, while other queues are used to model the
operations of the sending entity. Two classes of customer
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are assumed: token and messages. Two separate loops coex-
ist in this model, the token loop and the message loop. The
token loop is the loop where a single token circulates, repre-
senting the behavior of the rate control mechanism. The
token starts from Token_holding, moves to Token, jointly
enters the Sending queue with a message, and then goes
back to Token_holding. Within this loop, the Token_
holding queue characterizes the rate control timer, and the
Join node characterizes the rate control operation. In the
message loop, messages circulate in the follow fashion:
starting at the Holding queue, they move to Sending if a
token is available, visit Network, Receiver, Ack, and then
return to the Holding queue. The number of messages cir-
culating in the message loop is equal to window size W. The
detailed operations are as follows.

When a message arrives at the Holding queue and finds a
token available in the Token queue, the message leaves the
Holding queue and takes the token out from the Token queue
at the same time. This is called the Join operation. The
message is then allowed to enter the Sending queue. If the
Token queue is empty when a message arrives at the Hold-
ing queue, the message needs to be held until the token
enters the Token queue. The service time of the message
in the Sending queue represents the time required to com-
plete the transmission of that message by the sending entity.
When the message leaves the Sending queue, it enters the
Network queue and places a token into the Token_holding
queue at the same time. This is called the Split operation.
After an interval of length T, the token departs from the
Token_holding queue and enters the Token queue again.
The mean token sojourn time in the Token_holding queue
is allowed to alternate dynamically between high and low
values, depending on the feedback information. The feed-
back information sent from the Network queue, the conges-
tion indication, is assumed to be received by the
Token_holding queue immediately. Hence, the Token_
holding queue can monitor the Network queue constantly
via this feedback information. When the number of mes-
sages in the Network queue exceeds the threshold, it
increases the mean token sojourn time to reduce the mes-
sage sending rate. In turn, when the number of messages in
the Network queue is below the threshold, the message send-
ing rate is set at the high value again. We assume that the
update of the sending rate at the Token_holding queue is
operated in a non-preemptive mode. In other words, the
sojourn time of a currently held message in the Token_
holding queue remains unchanged when the feedback infor-
mation arrives. Two possible mean token sojourn times,

denoted 1/uy and 1/u;, are employed for the high and low
sending rates, respectively. When u; = py, the rate control
scheme reduces to the single-rate case.

Although the propagation delay is assumed to be zero in
this model, our non-preemptive operation can actually
absorb the effect of non-zero feedback delay, if the feedback
delay is relatively small compared with the message trans-
mission time. Hence our model should be able to illustrate
rate control behavior in a local environment.

In our analytical model the token sojourn time at the
Token_holding queue, or equivalently, the rate control
time 7, is assumed to be a random variable with Erlang-k
distribution, which should yield a good approximation to the
constant timer behavior, especially when the value of % is
large. As for the Sending queue, we model it as an FCFS
single server with service time equal to zero. Network,
Receiver and Ack queues, which model other network com-
ponents, are assumed to have FCFS single server and expo-
nential service time. Note that the exponential service time
assumption of the Network queue actually allows easy appli-
cation of the equivalent queue method for multilayered
modeling [15]. We use the regular assumption that all ser-
vice time distributions of all queues are independent random
variables. Last, but not least, all queues are assumed to have
infinite buffers so that no buffer overflow can occur.

In this model we employ only a single server queue, the
Network queue, to model the lower layer operations of both
end systems and the high-speed ATM LAN. However, accord-
ing to Ref. [15] and our discussion in Section 1, our-queueing
network can be used as a queueing model to illustrate the
queueing behavior in various multilayered communication
environments when the upper layer protocol employs a
rate-controlled window scheme. Similar models, described
in Ref. [3], employ different forms of equivalent queues to
model the behavior of a network with background traffic. We
therefore believe that our closed queueing network could
actually represent a large class of high-speed networks.

3.1. Queueing analysis: single-threshold rate control

We introduce here an approach for the efficient calcula-
tion of steady-state probability of our rate-controlled win-
dow scheme model for the single-threshold case. The
definitions of the required notations are as follows:

ny number of messages in the Holding queue.

ng: the current phase at which the token stays in the Token_holding
queue, 1 < ng <k

ny: number of messages in the Network queue.

BT service rate in the Token_holding queue, under single-rate
mode with pp = ug.

Bal service rate in the Ack queue.

UR: service rate in the Receiver queue.

BN service rate in the Network queue.

k: the number of phases for the Erlang-k distributed sojourn time

in the Token_holding queue.
L: threshold of the queue length in the Network queue.
M: operation mode of the Token_holding queue, M = 0 or 1.
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Two steps are required in the performance analysis. First,
we employ the flow equivalent server method to simplify
the model shown in Fig. 1(a) in a way similar to the applica-
tion of Norton’s theorem?® [20,21]. The procedure for this
simplification is as follows. We short points A and B of the
model in Fig. 1(a) to get the shorted queuing network in
Fig. 1(b). For this queueing model, system state (i,j,h) stands
for the state of the system when ny =i, ng=jand M = h,

where M = 0 means that the Token_holding queue is -

operated in the low sending rate mode, while M = 1 indi-
cates the high sending rate mode. Pjg, and P,;, stand for
stationary probabilities of the (idle) and (i,j,h) states, respec-
tively. The total number of messages in the shorted queue-
ing network in Fig. 1(b) is equal to w, where w = W. In
addition, two indicator functions, I, (i) and I, (i), are defined
as follows:

1, i=L
IL(i)={

- 1, otherwise
o L= _
0, otherwise 0, i=L

The global balance equations for the shorted queueing net-
work in Fig. 1(b) are as follows. Because system states (0 =
i =w — Lj,1) do not exist, they are not listed in the global
balance equations.

For ny =0,
(un+kuL)Pojo  =kpLPojy1,00 I=j=k-1
(b +ku)Pojo  =kpiPy 10+ pnPiges J=k

pnPidie =kpLPo,1,0

Forl <=ng<w-L+1,

(un +kuL )P j 0 =kpLPijs1,0 +onPioy,jo00 l=j=k-1

(un +ku )P j o =kprPiy 0+ NP0 H oo L1 (04 DkpaPir 1, J=k
Forw—-L+1=ng<w,

(un +RuL)Pijo  =kpiPijii0+6nPicyjo l<j<k-1

(an +kpL)Pijo  =pnPicyj0 j=

(n +kpdPij =kpuPijao oot~ DunPio g, I1<j=<k-1

(un + kpn)Pij =kpyPipy 10 Hhi Py o+ oo ni— DanPioyjn, =k

Forng=w,
kpp Py jo  =kpuiPyjrr0tenPuorj0 1=j=<k-—-1
kuLPyjo  =w#NPy-10, j=k
kpuPyj1  =kupPy i1t enPworj1, 1 Sjsk-1
kpuPy ;1 =pNPyw-1j15 i=k

The state transition diagram in Fig. 3 is based on the global
balance equations. In Fig. 3, system states (i,j,0), which
stand for the Token_holding queue operating in low sending
rate mode, are located on the upper plane, while system

3 Note that because the original queueing model in Fig. 1(a) is not time-
reversible, we can not apply Norton’s theorem to obtain an exact simplified
model.

states (iy,1), which stand for the Token_holding queue
operating in high sending rate mode, are located on the

lower plane. After examining this state transition diagram,

one may conclude that the underlying system process is still
not time-reversible. Hence, a product-form solution can not
be easily obtained since detailed balance equations do not
hold. Fortunately, the structure of this diagram follows cer-
tain rules. For example, when the stationary probability of
Py, is known, its neighboring states idle and Py, can be
solved. We have derived a computational algorithm which
can solve the global balance equations effectively, even for
large window sizes or large values of k. Details of this
algorithm are shown in Fig. 4.

Let n(w) denote the throughput of the shorted queueing
network in Fig. 1(b), provided that the population is w. Then
7(w) can be obtained using the results of the above calcu-
lation procedure and the following equation:

k
(W) = pn * (1 -2 (Puj0 +Pw,,~,1)>

j=
Applying the procedure used in the Norton’s theorem, the
shorted queueing network shown in Fig. 1(b) is then
replaced by an equivalent queue with a state-dependent
service rate n(w). Therefore, the original queueing model
in Fig. 1(a) can be reduced to an approximate queueing
model shown in Fig. 1(c). The queueing network shown in
Fig. 1(c) is now a typical product-form queueing network.
The second step of our analysis procedure is simply to solve
this product-form queueing network using the approach in
Ref. [22]. To summarize the above procedure, the stationary
probabilities of the queueing model shown in Fig. 1(a) are
obtained approximately by applying Norton’s theorem for
model simplification, and then the computational algorithm
and product-form formulas are applied for the numerical
computations.

3.2. Queueing analysis: two-threshold rate control

3.2.1. Modeling assumptions

In this section we investigate the two-threshold rate con-
trol scheme extended from the one presented above. All
assumptions regarding the Network and Token_holding
queues made in the previous section still hold. The only
difference between these two control schemes lies in setting
the threshold values in the Network queue. We denote the
two thresholds in the control scheme of this section as L,
and L,, where L, = L,. The proposed method is identical to
the single-threshold control scheme in last section, when L,
= L,. The case for L, > L, is described as follows. For
convenience, in this discussion, the buffer area in the Net-
work queue is segmented into three regions, I, Il and III, as
shown in Fig. 5(a). The Token_holding queue adjusts its
message sending rate depending on the regions that the
accumulated messages have reached in the Network queue
(i.e. ny). The message sending rate is set to uy when ny <
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Threshold

Fig. 3. State transition diagram of shorted queueing network for single-threshold rate control.

L,; and to pp when ny = L,. The message sending rate
remains unchanged when L; < ny < L, (i.e. in Region
II), whether it is uy or u;. Fig. 5(b) shows the sequence
of message sending rate versus the number of messages in
the Network queue. The message sending rate follows the
sequence (uy, gy, and w1 ) when the message queue grows
continuously and reaches Regions I, II and then III. But it
follows the pattern (ur, ur, and py) when the number of
messages decreases continuously and moves from Region
III to Region II, and then finally to Region I.

Based on the above descriptions, we can see that two-
threshold control employs an extra buffer, Region II, to
avoid frequent adjustments in the message sending rate.
Implicitly, the two-threshold control scheme leads to
some delay in adjusting the message sending rate when
compared with the single-threshold control scheme. We
now discuss what effects this buffer area may have on
throughput, adjustment frequency etc., in the numerical
results.

3.2.2. Steady state analysis

Again, as in Section 3.2.1, two steps are used to reduce
complexity in the calculations. In step 1, we short the
model at points C and D, instead of A and B. The resulting
shorted queueing network ‘is shown in Fig. 6(a). Note
that Fig. 6(a) is different from Fig. 1(b) in that the
Network queue in Fig. 1(b) is replaced with the Ack
queue. The shorted queueing network shown in Fig. 1(b)
can not be used to calculate the equivalent queueing
model because the message sending rate uy or up of the
Token_holding queue can not be determined when ny falls
in Region II(i.e. L, =< ny < L,); nor can the percentage of
each rate be computed. This problem is circumvented by
using the shorted queueing network in Fig. 6(a) for

approximate analysis. The steady state probability P;; of
the shorted queueing network shown in Fig. 6(a) can be
calculated with a computation algorithm similar to the one
proposed in previous section. Assume 7,y denotes
the throughput of Fig. 6(a), where w is the total
population, and M is the type of token sending rate in the
Token_ holding queue. 7,4 can be computed with the
equation

where P,,; must be solved with the sending rate py if M =1,

The queueing model of Fig. 1(a) can now be simplified to
that of Fig. 6(b) after step 1. The service rate n,, of the
equivalent queue from the queueing model in Fig. 6(b) is
dependent on the number of messages in the Network queue.
Since the queueing model in Fig. 6(b) is not of the BCMP
type, we can only calculate the steady-state probabilities of
the queueing model shown in Fig. 6(b) by numerically sol-
ving the global balance equations. Here, system state (i,j,h)
stands for ny = i, ng = j; M = h. Two sets of indicators are
l_lsed in the global ba_lance equation of the system: (1) I, (i),
I, (i), and (2) I, (i), I1,, (i), with the same definitions as 11 (i),
I (i) in Section 3.2.1. System states 0 < i= L, — 1,1 <j =<
w—i0)and (L, =i =<w,] =j=w—i1)donotexist in our
model, and are omitted. The global balance equations are as
follows:

For ny =0,

M, 1Po,j,1 =urPoj+1,15 j=0

Mw-jy +8-)Poj1  =BrPoj+11 +BNPL-11s I=j=w-I
#rPoj, 1 =uNPj-1,1» j=w
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Step 1: Popp:=1;

Step 2: Pt := (%})Po,t.o;
for(j=1j<k=-1i++)
Pojsra:=(1+ £5)Pojo;

Step 3: Pryor=(1+ E)Poro — (£X) Pigie ;
Step 4: for(i=1i<w—L;i++){
for(i=17Sk=1j++)
Piino =1+ )P0 = (££)Pvo;
if(i 4 w—1)

Pirrpo = (L4 £5)Piro = (£5) Prorkos

Step 5: for(i=w-L+ 1L i<wji++){
if(i # w)
Pixo = (g ) Pi1n0 s
else
Priio = (EL)Pirro;
for(j=k-1;5321;j—-){
if(i # w)
Px',j,O = (
else
Pojo = (£5) P10+ Pijrie; 1}

BN _\P. .. L] » .
kuptun VFicrj0+ (m)P"J‘*’lvo !

Step 6: Pu_pi1, i= (SEIP 1o — (L) Puor1k0 = (£2)Pu-Li1a0]

Step7: for(j =L i<k-1,j++)
Pu-ryrjern = (1+ ) Po rijn

Step 8: for(i=w—-L+2i<w; i++4){
ifi=w—L+2)
Pipa = (1 + L) Porpy = (£4)Piso
else
P = (14 )P py — (B )Picaea — (2)Pino;
for(j =1 j <k j++){
if(i # w)
Pijria = (14 )P0 — (B P
else

Pijngi= Pijy — (E%)Pi1ja; } )
Step 9: Normalize P, ;)

Fig. 4. Computation algorithm of the shorted queueing network in single
threshold rate control.
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Fig. 5. (a) Three regions in the Network queue. (b) Changes in the message
sending rate when the number of messages in the Network queue increases
or decreases.
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Fig. 6. (a) Shorted queueing network, and (b) equivalent queueing
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For 1 < ny <L,

(N +Me—i—j DPij1
(R +BNFMw—icjWPip1 =Me—izjrr 1 Picijn +I,G+ DunPisrj-11

=oizji 1 Picrjt HurPijr 100 j=0

+1, G+ DpnPis 11,0t #rPija10s I=j<w-—i
(ur +oN)P; )1 =y mizjrt 1 Picrjr F I G+ DeNPicrj- 11
+I, (i+ DanPivy,j-1,00 j=w—i

ForL, = ny<w,

(N +Mw—i-,00Pij0 =pRPij+1,0 I, O —icjer1Picrjn
+1, (Mw—i-jr1,0Pi- 1400 j=0

R+ N+ Mizjo)Pijo  =wPirrj—1,0 i Om—icjrinPicin

+Ip, (Wmi-jrroPicrjo H#RPijer0  1Sj<w—i
(ur + NP0 =unPisjo1,0 i OM-i-jr 11 Picrjn
\ +I, (i ji1,0Pi- 1,500 j=w—i
For ny = w,

pnPu,j,0 =11,0Pw-1,00 J=0

Fortunately, the total number of system states O(Wz) is not
too large for most rate-controlled window schemes. Hence,
steady-state probabilities can be solved numerically by
matrix computation. The approach proposed in this section
can also be applied to analyze the rate control with a single
threshold. However, the method proposed in Section 3.2.1
should be more efficient for solving their steady-state per-
formance. Thus, we suggest that the approach presented in
this section should not be used in such cases.

4. Numerical results and validation

As mentioned in the single-threshold queueing analysis in
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Table 1

Percentage of relative error in average queue length of Receiver queue, with parameters py ' =px', pr' =3, us' =4

P k=1 k=2 k=3 k=6 k=10
1 6.4% 3.0% 1.8% 0.5% 0.5%
1.5 6.4% 3.6% 2.6% 1.5% 1.5%
2 3.3% 2.0% 1.6% 1.1% 1.1%
2.5 1.6% 1.1% 0.9% 0.7% 0.7%
3 1.4% 1.1% 1.0% 0.95% 0.95%

Section 3.2.1, direct application of Norton’s theorem to
simplify a queueing model that is not time-reversible
leads only to an approximate model. We verify the applic-
ability of such an approximation by simulation. The corre-
sponding results are shown in Tables 1 and 2, from which
we conclude that a timer of constant value can be approxi-
mated in our model using an Erlang-k random variable with
large k, k = 2. Next, we investigate other statistical char-
acteristics of the network under the rate-controlled window
scheme.

In the first experiment, we investigate the effect of mes-
sage rate reduction on network performance and end-system
performance by gradually adjusting the message sending
rate, (u7). We apply the same rate for uy and p; in this
experiment and call it the single rate control (SRC)
approach. Three different window sizes (i.e. W = 4, 8, 12)
are chosen in this experiment. Results are then compared
with those of a traditional sliding window flow control
scheme operating with the same set of window sizes. The
local environment assumes the one-way distance to be no
more than 5 km. With OC-3c or STM-1 as the physical
media for this experiment, the worst-case round-trip delay
is equal to 28.4 us ( = 10 time slots). Fig. 7 shows that the
average queue length in the receiver entity (Receiver queue)
is much shorter when rate control is employed. The mean
queue length decreases to a considerably lower level when
the service rate of the receiver entity is larger than twice the
message sending rate. Fig. 8 shows that the second moment
of queue length in the Receiver is also much shorter under
such a rate-controlled window scheme. Finally, the average
queue length of the Network is plotted in Fig. 9.

From the above observations, we have verified that rate
control is more effective in reducing congestion at the
Receiver, as well as the ATM LAN, than traditional window
flow control. However, as shown in Fig. 10, the rate control

scheme may cause longer mean network cycle times than
window control and leads to lower throughput. This trade-
off seems unavoidable. For comparison, our models are
simulated with the worst-case propagation delay (10 slots)
or negligible delay. From Figs. 7, 8 and 10, we can justify
that the end-to-end propagation delay is negligible in a local
environment.

We illustrate the power of rate control in the second
experiment, using the single-threshold rate control (STRC)
with uy # pr. In addition, the effect of non-zero feedback
delay is verified in STRC approach. In this experiment, we
also assume the round-trip delay is equal to 28.4 us. We set
ps' = 30 slots for the SRC, uy' = p5', L =3 and W
= 8. The message sending rate is reduced to one-eighth of
the original rate (i.e. uy = 1/8uy) when the queue length in
the network node reaches the threshold. Three curves are
depicted. Two curves of SRC are obtained with the message
sending rate set equal to uy and ;. The other one illustrates
the results of the STRC. In Fig. 11 we find that the average
queue length of the Receiver is smaller in STRC than that in
SRC. In our STRC, we adjust the message sending rate on
the sending entity according to the queue length of the
Network. Thus, the message population of the Network is
of more interest. As one might expect, we can observe from
Fig. 12 that the average queue length of the Network is much
shorter when the STRC is employed than when it is under
SRC. From Fig. 13, it is clear that STRC does reduce the
second moment of the queue size in the Network. Fig. 14
shows that the mean cycle time in the dynamic rate control
mode is close to that of the SRC. Therefore, using STRC is
still a better choice due to the fact that its throughput can be
adjusted to be close to that of SRC while the congestion or
buffer overflow in the switch can be successfully avoided.
From these experiments, we can conclude that the results of
our simulations coincide well with the analytical results.

Table 2

Percentage of relative error in mean network cycle time, with parameters ux' = pz', pr' =3, us' = 4

PP k=1 k=2 k=3 k=6 k=10
4.9% 3.2% 2.7% 2.2% 2.0%

1.5 ) 4.7% 3.2% 2.7% 2.1% 1.9%
2.1% 1.4% 1.2% 0.96% 0.87%

2.5 1.25% 0.9% 0.8% 0.7% 0.64%

0.37% 0.32% 0.29%

3 0.6% 0.43%
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trip delay = 10 slots, mean packet size ~2120 bytes and & = 2.

The assumption of zero feedback delay in our model is
again found to be reasonable from Figs 11, 12, and 14.
Next, we compare the performance of STRC with that of
two-threshold rate control (2TRC). We observe the follow-
ing performance and congestion metrics: throughput, mean
and second moment of the Nerwork queue length, which are
used as metrics of the network congestion level, and the
adjustment frequency of the message rate. A single scenario
is considered and the physical media is assumed to be
OC-12 or STM-4 (600 Mbps data rate). Because the

propagation delay is justified to be negligible in the
above experiments, we assume zero propagation delay
in the following scenario.

In this scenario, we change the granted bandwidth for the
connecting virtual channel (VC) according to the following
selected parameters: pg = 250 Mbps, uii' = 200 slots, uL '
= 2000 slots, k = 5, W =16 and u, = 1.1 py. The latter
parameters imply that the forward direction in the ATM
LAN is more seriously congested than the backward direc-
tion and thus requires dynamic rate control. To ensure a fair

140 v T T
"""""" D e S
¥ 120} ... . simulationresults of SRC with delay o
= ; :
g x: simulation results of SRC without delay
& j00b oo ... = . Spproximationofthe SRC )
? ---  window oontrol énly
i 80+ ; 4
’ i
s ;
g TP uuuu?‘wvyr uuuuuuuuuuuuuuuuu 0 w
EW"-'I'"'"“""”"'"""""'"""""""‘"""‘""" """"""
3 4 5 6 7 8

The retio of Recsiver’s service rate to messags ssnding rate

Fig. 8. pp/py versus the second moment of queue length in Receiver, using OC-3c interface with parameters: VC capacity uy = 150 Mbps, ps = p, pgr = 20

Mbps, round-trip delay = 10 slots, mean packet size ~2120 bytes and k = 2.
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round-trip delay = 10 slots, mean packet size ~2120 bytes and k = 2.

comparison of STRC and 2TRC, we select L = 8 for the
STRC and (8,12) (6,10) (4,8) (2,8) for (L,L,) in 2TRC.
Note that we have kept the gap between L, and L, constant
for (8,12) (6,10) (4,8), while the case (2,8) is used to
illustrate the impact of gap size on system performance.
Fig. 15 shows that the throughput increases monotonically
as the virtual channel capacity (Network service rate uy)
increases under both schemes. Actually the throughputs
for these selected cases are so close that no simple
conclusion can be drawn as to which control policy is
superior. However, when the adjustment frequency is

considered, 2TRC usually yields superior performance, as
shown in Fig. 16. Only when the VC bandwidth is much
higher or much lower than the message sending rate operat-
ing region, can STRC be found to have similar adjustment
overhead. Meanwhile, as shown in Figs 17 and 18, conges-
tion conditions in the Network are found to be more effec-
tively alleviated by 2TRC. The cost of such improvement in
congestion control is actually fairly limited. For example,
setting L; = 4 and L, = 8 could lead to a lower mean queue
length in the Network (see Figs 17 and 18), but very limited
throughput degradation and adjustment overhead are found.

x104
3 T T -
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Fig. 10. pr/uy versus average network cycle time, using OC-3c interface with parameters: VC capacity un = 150 Mbps, s = pn, pr = 20 Mbps, round-trip

delay = 10 slots, mean packet size ~2120 bytes and k = 2.
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Fig. 11. pp/un versus average queue length in Receiver, using OC-3c interface with parameters: ug = 320 Mbps, pa = pn, p | = 8us ', ui | =30 slots, round-

trip delay = 10 slots, mean packet size ~3400 bytes, W =8, L = 3, and k = 2.

When the VC capacity approaches zero, the mean queue
length in the Network (see Fig. 17) coincides with the
reésults predicted by the BCMP product-form solution
when KA = l.l}bN.

To investigate the impact of threshold values on the
system performance, we also tested different gap sizes
between high and low thresholds. Threshold L, is set to 8,
while L, is set to 2 or 4 (i.e. (Ly,L;) = (2,8),(4,8)). I can
be observed from Fig. 15 that STRC and 2TRC with
small gap sizes actually yield higher throughput. This
result is not surprising since the message sending rate

is kept at the higher rate more frequently. The cost of
higher throughput corresponds to a higher adjustment fre-
quency, as shown in Fig. 16, and a higher mean and second
moment of the queue length in the Network, as shown in
Figs 17 and 18.

§. Conclusions

In this paper we have investigated the performance of a
generic rate-controlled window scheme that can be
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Fig. 12. up/py versus average queue length in Nerwork, using OC-3c interface with parameters: ug = 320 Mbps, us = pn, uL. '= 8un ! s | =30 slots, round-
trip delay = 10 slots, mean packet size ~3400 bytes, W =8, L =3, and k = 2.
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Fig. 13. ur/py versus average queue length in Network, using OC-3c interface with parameters: ug = 320 Mbps, up = pn, pr '=8ug !, wir | = 30 slots, round-

trip delay = 10 slots, mean packet size ~3400 bytes, W =28, L =3, and k = 2.

employed in transport protocols for ATM LAN and other
high-speed network environments. The steady-state perfor-
mance is obtained using Norton’s approximation in closed
queueing network models. Our equivalent queue approach,
Erlang-k and zero-propagation delay model assumptions
have significantly reduced the complexity in queueing
analysis, and yet yield highly accurate results, as illustrated
in the numerical examples.

In the numerical results, the rate control schemes
have been shown to have significant effects in reducing

congestion levels at the receiving entity as well as in the
LAN switches. When the performances of the single-rate
and single-threshold rate control policies are compared, sin-
gle-threshold rate control is found to provide nearly the
same throughput as the single-rate rate control operating
under a high sending rate, while keeping the message popu-
lation in the receiver node or the switches at a relatively low
level.

We also conclude that the two-threshold rate control
scheme can be more effective in alleviating network
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Fig. 14. pp/un versus average network cycle time, using OC-3c interface with parameters: up = 320.Mbps, pa = pns L =8t !, pi' = 30 slots, round-trip

delay = 10 slots, mean packet size ~3400 bytes, W=8,L =3, and k = 2.
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Fig. 15. VC capacity puy versus throughput, using OC-12 interface with parameters: u, = 1.1 un, pg =250 Mbps, uy ! =200 slots, ui! =2000 slots, round-trip

delay = 40 slots, mean packet size ~3540 bytes, W = 16, and k = 5.

congestion than the single-threshold scheme, while keeping
the control overhead (in terms of the rate adjustment fre-
quency) at a low level, provided that both high and low
threshold values are. selected appropriately. The total
throughput could be affected, but only in a limited fashion.
In addition, one should not consider the throughput as the
only objective. Where network congestion is not concerned
at all, this will only lead to the trivial conclusion that rate
control is not desired and the message sending rate should
be always be kept high.

Currently in our model, both message losses and the
feedback delay are assumed to be negligible. The latter
assumption has been found to be reasonable for the local
area ATM network in our numerical example, mainly due to
the fact that the non-preemptive nature of the message-
based rate control mechanism can absorb most propagation
delay. However, how to develop new analytical models that
reflect the message loss behavior under network congestion
and non-negligible delay remains an area that requires
further investigation.
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Fig. 16. VC capacity uy versus adjustment frequency, using OC-12 interface with parameters: u, = 1.1 py, pg =250 Mbps, uii’ = 200 slots, p{' = 2000 slots,
round-trip delay = 40 slots, mean packet size ~3540 bytes, W = 16, and k = 5.
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Fig. 17. VC capacity uy versus average queue length in Network, with parameters using OC-12 interface with parameters: pu, = 1.1 uy, pur = 250 Mbps,
pir | =200 slots, uL' = 2000 slots, round-trip delay = 40 slots, mean packet size ~3540 bytes, W = 16, and k = 5.
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Fig. 18. VC capacity py versus the second moment of queue length in Network, using OC-12 interface with parameters: ps = 1.1 pn, pr = 250 Mbps, pi =
200 slots, pi' = 2000 slots, round-trip delay = 40 slots, mean packet size ~3540 bytes, W = 16, and k = 5.
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