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Abstract

We study the utility of buffer at switches in increasing the
achievable utilization of a network providing determinis-
tic guarantee. To determine the increase in utilization,
we classify packet scheduling algorithms into two classes.
Only one of these classes can utilize additional buffers
to increase the achievable utilization. We experimentally
determine the difference in achievable utilization of these
classes. Our experiments demonstrate thatcontrary to in-
tuition, in most cases, additional buffers do not lead to
higher achievable utilization of a network.

1 Introduction

Integrated services networks support a diverse set of ap-
plications (e.g., data, audio, interactive video, stored video
applications). The traffic characteristics as well as Qual-
ity of Service (QoS) requirements of these diverse applica-
tions vary significantly. To meet the QoS of requirements
of the applications, a network has to manage two resources:
link bandwidth and packet buffers. While several packet
scheduling algorithms for managing link bandwidth have
been developed and analyzed, the issues that arise in man-
aging packet buffers for providing QoS guarantees have not
been adequately investigated and are the subject of investi-
gation of this paper.

To illustrate the issues that arise in managing buffers,
consider a fluid flow model of the sources and the network.
The switches in the network may either have no buffer or
finite buffer. If the switches have no buffer, then fluid loss
occurs whenever the aggregate arrival rate of flows at the
output link of a switch exceeds the link capacity. In case of
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finite buffer, fluid is buffered when aggregate rate exceeds
the capacity, and loss occurs only when the buffer over-
flows. Consider both types of networks when they provide
deterministic guarantees on QoS parameters such as delay
and loss. If the network does not have any buffers, then
burstiness of a source may have to be smoothed at the edge
of the network to ensure that loss does not occur. Such
smoothing may introduce delay. Consequently, to meet the
end-to-end delay requirements, resources greater than what
is necessary may have to be reserved. On the other hand, if
the network has buffers, then such smoothing and the con-
sequent delay may not be necessary. This may enable the
network to meet the delay requirement of a larger set of
flows.

Thus, intuitively, it appears that use of buffer in a net-
work should increase the achievable utilization of fluid
flow networks. Hence, the question of interest is: Is the in-
tuition correct for packet-switching networks? If yes, how
much does the achievable utilization increase by adding
buffer? Answers to these questions would determine the
source rate control mechanism, which controls the smooth-
ness of a flow, that should be employed in a network. If
buffer in network does not yield higher utilization or the
increase in utilization is not sufficient to offset the addi-
tional cost, a rate controller may completely smooth a flow
to generate a constant bit rate (CBR) flow. If the buffer
in the network yields increase in the achievable utiliza-
tion, a source rate control mechanism may not smooth a
flow at all or smooth it to appropriately tradeoff increase in
utilization with increase in buffer requirement. Thus, the
effectiveness of buffer in increasing achievable utilization
would determine the appropriate buffering alternative, i.e.,
to buffer at source or in network.

In this paper, we take a step towards answering these
questions. To determine if buffers at switches, henceforth
referred to as servers, increase the achievable utilization
of a network providing deterministic guarantees, we clas-



sify the packet scheduling algorithms as either belonging to
the class of Guaranteed Rate (GR) scheduling algorithms
or Rate Controlled Service Disciplines (RCSD). Whereas
the scheduling algorithms in RCSD can utilize additional
buffers to possibly increase the achievable utilization, the
achievable utilization of GR scheduling algorithms is un-
affected by the available buffer space. We experimen-
tally determine the difference in achievable utilization of
RCSD and GR servers when RCSD servers employ addi-
tional buffers. Our experiments demonstrate thatcontrary
to intuition, in most cases, additional buffers in a network
of RCSD servers do not lead to higher achievable utiliza-
tion. This experimental result indicates that if a source de-
sires deterministic bounds on packet delay, then the traffic
should be completely smoothed at the source.

The rest of the paper is structured as follows. We formu-
late the problem under investigation and present the back-
ground for it in Section 2. We present our experimental
methodology in Section 3. The experimental results are
presented in Section 4 and then discussed in Section 5. Fi-
nally, Section 6 summarizes our results.

2 Background and Problem Formulation

The sequence of packets transmitted by a source is referred
to as a flow and is used synonymously with a connection.
A flow is serviced by a sequence of servers. Let there be
K servers on the path of a flow and let theith server on the
path be serveri. For simplicity of exposition, let the prop-
agation delay between the servers be0 1. To provide deter-
ministic guarantees on packet delay and loss, each server
employs a packet scheduling algorithm. The achievable
utilization of a server depends on the packet scheduling al-
gorithm. Hence, to determine the effectiveness of buffer at
servers in increasing achievable utilization, let the schedul-
ing algorithms proposed in the literature be classified into
two classes:

� Guaranteed Rate scheduling algorithms: The class of
Guaranteed Rate (GR) scheduling algorithms is de-
fined based onexpected arrival timeof a packet. Let
pjf be thejth packet of flowf . Then, expected arrival

time of packetpjf at serveri, denoted byEAT i(pjf ),
is defined as:

EAT i(pjf ) = max

�
Ai(pjf ); EAT

i(pj�1f ) +
lf
Rf

�
(1)

1All the subsequent analysis is applicable when the propaga-
tion delay is non-zero but bounded. However, use of non-zero
propagation delay would clutter the presentation without provid-
ing any insight into the problem under investigation.

wherej � 1, Rf is the rate reserved for flowf , lf is
the length of packets of flowf 2, Ai(pjf ) is the arrival

time ofpjf at serveri, andEAT i(p0f )+
lf
Rf

is defined
to be0.

Scheduling algorithm at serveri belongs to GR if
it guarantees that packetpjf will be transmitted by

EAT i(pjf )+�if where�if depends on the scheduling
algorithm as well as the server and the flow charac-
teristics [6]. Several algorithms such as Virtual Clock
[15, 18], Weighted Fair Queuing [1], Start-time Fair
Queuing [8], Self Clocked Fair Queuing [4], Leap-
forward Virtual Clock [14], Frame-based Fair Queu-
ing [13], Delay EDD [7, 17] belong to the GR class.
It has been shown in [6] that if each of the server on
the path of a flow employs a scheduling algorithm in
GR, then the end-to-end delay of packetpj

f
is given

as:

djf � EAT 1(pjf )�A(pjf ) +
n=KX
n=1

�nf (2)

whereA(pjf ) is the time at which packetpjf is gener-
ated at the source.

� Rate Controlled Service Disciplines: The class of
Rate Controlled Service Disciplines (RCSD) is de-
fined based on the concept of shapers [3]. A shaper is
a network element that ensures that its output traffic
satisfies some burstiness constraints. IfAP i(t1; t2)
denotes the number of bits that are output from shaper
Si in time interval[t1; t2], then shaperSi delays the
departure time of packets to ensure thatAP i(t1; t2) �
F i(t2 � t1), where the functionF i characterizes the
shaperSi.

Scheduling algorithm at serveri belongs to the RCSD
class with shaperSif and delaydif if it ensures that
the departure time of a packet from the server is at
mostdif more than its departure time from shaperSif .
RCSD class contains work conserving as well as non-
work conserving algorithms (see [3, 16] for some ex-
amples). It has been shown in [3] that if each of
the server on the path of a flow employs a schedul-
ing algorithm in RCSD, then the network guarantees
that the maximum end-to-end delay of any packet, de-
noted bydf , is given as:

df = DS
f +

n=KX
n=1

dnf (3)

whereDS
f is the maximum delay incurred by the

source traffic at shaperSf , which is a composition

2For ease of exposition, we have assumed that the length of
the packets of a flow does not vary.
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of shapersS1f ; ::; S
K
f . Intuitively,Sf is a shaper com-

posed by sequentially connecting shapersS1f ; ::; S
K
f

(see [3] for a precise definition of composition of
shapers).

Observe that the bound on the departure time of a packet
in GR at serveri can be interpreted as being at most�if
more than the departure time in a shaper that delays a
packet till its expected arrival time. Hence, if schedul-
ing algorithm at serveri belongs to GR, it also belongs to
RCSD withdif = �if and shaperSif that delays packet till
its expected arrival time. However, since arbitrary shapers
may be employed in RCSD, the converse is not true, i.e.,
a scheduling algorithm in RCSD may not belong to GR.
Hence, GR is a proper subset of RCSD.

The main difference between GR and RCSD class is
that if the burstiness of a source is completely smoothed
at the edge of a network to reduce the buffer requirement
in the network, then whereas the end-to-end delay does not
increase in case of a network of GR servers, it may in-
crease in case of a network of RCSD servers. To observe
this, let a shaper be employed at the edge of the network,
i.e., between the source and the first server (see Figure 1).
Let the departure time of packetpjf from such a shaper, de-

noted byLS(pjf ), be equal to its expected arrival time, i.e.,

LS(pjf ) = EATS (pjf ). Such a shaper generates a smooth
constant bit rate (CBR) flow. Now consider the end-to-
end delay in such a system in a network of GR and RCSD
servers.

� Network of GR servers: The maximum delay incurred
by a packet consists of two components - the delay
in the shaper and the delay in the network. The de-
lay in the shaper of packetpjf is LS (pjf ) � A(pjf ) =

EATS(pjf ) � A(pjf ). Using (2), we conclude that

the maximum delay of packetpjf in the network isdEAT 1
(pj
f )�

bA1(pjf )+
Pn=K

n=1 �nf where dEAT 1
(pj
f )

and bA1(pjf ) are the expected arrival time and actual

arrival time ofpjf at server1 when the shaper is em-
ployed. Hence, we conclude:

djf � EATS(pjf )� A(pjf ) +
dEAT 1

(pjf )

� bA1(pjf ) +
n=KX
n=1

�nf (4)

Since propagation delay has been assumed to be0, the
arrival time of a packet at the shaper is the same as the
arrival time at the first server in a network without the
shaper. Hence,EAT S(pjf ) = EAT 1(pjf ). Further-

more, due to the use of shaper,dEAT 1
(pjf ) =

bA1(pjf ).
Hence, we get:

djf � EAT 1(pjf )�A(pjf ) +
n=KX
n=1

�nf (5)

Since (5) is same as (2), we conclude that the end-to-
end delay does not change due to the presence of the
shaper.

� Network of RCSD servers: Let the maximum delay
incurred by packets in the shaper at the edge be de-
noted byDC

f . Also, let the maximum delay incurred
by the packets at shaperSf after being shaped at the

edge bebDS
f . Hence, maximum end-to-end delay is

given as:

bdf = DC
f + bDS

f +
n=KX
n=1

dnf (6)

Now, DC
f + bDS

f may be greater than the delayDS
f

experienced by packets at shaperSf when traffic is
not shaped at the edge. To observe this, letSf be
a (klf ; rf) leaky bucket shaper and flowf conform
to (klf ; rf) leaky bucket. A shaper is a(�; r) leaky
bucket shaper, where� is the burstiness andr the av-
erage rate, if it ensures that for all intervals[t1; t2]:

AP (t1; t2) � � + r(t2 � t1) (7)

A flow conforms to(�; r) leaky bucket if it does not
incur any delay in a(�; r) leaky bucket shaper. Then,
since flowf conforms to the shape enforced by the
shaperSf , DS

f = 0. However, sinceDC
f is given as

(k�1)lf
rf

[6], if k > 1,DC
f + bDS

f > 0. Hence,bdf may
be greater thandf . Thus in case of RCSD, the end-
to-end delay may increase due to the presence of the
shaper.

Hence, if buffer requirement in the network is reduced to
that of a CBR flow by employing a shaper at the network
edge then:

� In GR networks the delay does not increase. Hence,
increasing the available buffer space does not effect
the achievable utilization.



� In RCSD networks the delay may increase. Hence, to
ensure that end-to-end delay requirements of the flow
are met, higher resources may have to be reserved
which may result into loss in achievable utilization.

Hence, we conclude that the available buffer space does not
effect the achievable utilization of GR networks but may
effect that of RCSD networks. Therefore, the effectiveness
of buffer in increasing the utilization of a network can be
determined by evaluating the difference in achievable uti-
lization of a network of RCSD and GR servers when RCSD
servers employ additional buffers. Since RCSD requires
additional buffers only when the shaperSf is a non-CBR
shaper, henceforth we will assume that non-CBR shapers
are employed in RCSD.

To gain an intuitive understanding for the difference
in achievable utilization of a network of GR and RCSD
servers, let us first consider a single server scenario. Let
the flows conform to leaky buckets, i.e., flowf conforms
to a (�f ; rf ) leaky bucket. Furthermore, for scheduling

algorithms in GR, let�if =
lf
Rf

+
limax

Ci whereCi is the ca-

pacity of serveri andlimax is the maximum length of pack-
ets served by serveri (scheduling algorithms such as WFQ
and Virtual Clock satisfy this assumption [6]). Since EDF
has the largest schedulability region, let the RCSD schedul-
ing algorithms employ EDF scheduler and a(�f ; rf) leaky
bucket shaper for flowf .

Consider two flows f and m that conform to
leaky bucket with parameters(10pkt; 1pkt=s) and
(1pkt; 1pkt=s), respectively. Let both flowsf andm re-
quire delay of5:5s and be served by a single server with
capacity2pkts=s. Then, from the results in [3], it can be
shown that a RCSD server satisfies the deadline require-
ments of both the flows. On the other hand, in case of GR,
from (2) and [6] we know that flowf would have to reserve
at least rateRf such that:

�f � lf
Rf

+
lf
Rf

+
lmax

C
= 5:5 (8)

Hence, 10
Rf

+ 0:5 = 5:5 which yieldsRf = 2pkt=s, which
is the capacity of the server. Hence, the server would not
be able to accept flowm. Thus, the achievable utilization
is higher in case of RCSD.

Though achievable utilization is higher in case of a sin-
gle server for RCSD, it is not clear whether the same result
holds in a network of servers. To observe this , let flow
f have an end-to-end delay requirement ofdf . Since we
have assumed that the shaper employed is the same as the
input traffic,DS

f = 0. Hence, from (3) we get:

df =
n=KX
n=1

dnf (9)

If we assume each of the server is equally loaded, then the
delay of the flow at each server isdf

K
. Thus, intuitively,

for a given end-to-end delay, the resource requirement at
each server for a flow increases linearly with the number
of servers on the path. On the other hand, in a network
of GR servers, we know from (2) and [6] that the reserved
rateRf � rf should be such that:

df �
�f � lf
Rf

+K
lf
Rf

+
i=KX
i=1

limax

Ci
(10)

Then, if�f is large, i.e., when RCSD servers may be ex-
pected to have larger utilization,Rf increases sub-linearly
with the number of servers on the path. Hence, intuitively,
whereas resource requirement increases linearly with the
number of servers in a RCSD network, it increases sub-
linearly in a GR network. Consequently, RCSD networks
will have higher utilization only if the reduction in resource
requirement yielded by additional buffer is sufficient to off-
set the difference in the linear and sub-linear increase. Oth-
erwise, RCSD networks may not have higher utilization
and, contrary to intuition, may have lower utilization.

A theoretical analysis to determine the difference in
achievable utilization of GR and RCSD networks has re-
mained elusive. Hence, to determine the difference we
conduct a large number of experiments. In the next section,
we describe our experimental methodology and present the
experimental results in Section 4.

3 Experimental Methodology

To experimentally determine the difference in achievable
utilization of a network of GR and RCSD servers, we as-
sume that all the flows conform to leaky bucket. (Since
the traffic model used by the Internet and ITU standard
bodies is leaky bucket, this is not a restrictive assump-
tion.). Hence, flowf is characterized by the quintuple
(�f ; rf ; lf ; df ;Kf ) where�f ,rf ,lf ,df , andKf denote the
burstiness, rate, packet length, end-to-end delay require-
ment, and the number of servers on the path of flowf ,
respectively. We make the following assumptions for GR
and RCSD networks:

� GR: We assume that for GR servers�if = lf
Rf

+
limax

Ci

whereCi is the capacity of serveri and limax is the
maximum length of packets served by serveri (we
remove this restriction in Section 4.2). Hence, rate
Rf � rf that would satisfy the end-to-end delay re-
quirements of flowf can be determined by (10). We
assume thatRf is reserved for flowf at each of the
servers.

� RCSD: We assume that RCSD servers employ EDF
scheduler and a(�f ; rf) leaky bucket shaper for flow



f . Furthermore, we assume each of the server is
equally loaded and hence the delay of flowf at each
server isd̂f =

df
Kf

.

We assume that the capacity of each server isC. The
schedulability conditions that we employ for GR and
RCSD are as follows:

� GR: We ensure that aggregate rate reserved by the
flows at a server is less than the server capacity.
Hence, ifQ flows are served by a server, then the
schedulability condition is

Pi=Q
i=1 Ri � C.

� RCSD: We use the schedulability condition presented
in [2], which is a generalization of Theorem 1 of [3]
for networks that have variable packet sizes, to de-
termine the schedulability region. Specifically, flows
[1::Q] are schedulable if

Pi=Q
i=1 ri � C and the fol-

lowing set of inequalities hold:

i=kX
i=1

li +
i=kX
i=1

(�i � li) + lmax �

d̂k

 
C �

i=k�1X
i=1

ri

!
+

i=k�1X
i=1

rid̂i 1 � k � Q (11)

Without loss of generality we have assumed thatd̂1 �
:::: � d̂Q. If all the flows have the same packet length
l, then we use Theorem 1 of [3] and ensure that the
following set of inequalities hold:

minf(k + 1)l; Qlg+
i=kX
i=1

(�i � l) �

d̂k

 
C �

i=k�1X
i=1

ri

!
+

i=k�1X
i=1

rid̂i 1 � k � Q (12)

To experimentally evaluate the difference in achiev-
able utilization between RCSD and GR networks, we
first assume that there are only two types of flow at the
servers: low throughput and high throughput flows (ex-
perimental methodology for heterogeneous flows is pre-
sented in Section 4.3). Letrl < rh and the quintuples
(�l; rl; ll; dl;Kl) and(�h; rh; lh; dh;Kh) characterize the
low and high throughput flows, respectively. We employ
the schedulability conditions presented above to compute
the schedulability region for RCSD and GR servers. The
schedulability region is given by a set of tuples(nh; nl)
such thatnh and nl are the maximum number of high
and low throughput flows, respectively, that can be admit-
ted simultaneously (Figure 2 shows a hypothetical schedu-
lability region for RCSD and GR servers). To compare
schedulability regions of GR and RCSD and hence deter-
mine the difference in achievable utilization between GR

and RCSD, we define two metrics:average utilizationgain
andmaximum utilization gain. To define these metrics, we
first define the functionsU r(i) andU g(i) that compute the
achievable utilization of a RCSD and GR server, respec-
tively, wheni high throughput flows are admitted.

Let Lr(i) andLg(i) be the maximum number of low
throughput flows that are admitted in RCSD and GR when
i high throughput flows are admitted, respectively. Also,
letnrh andngh be the maximum number of high throughput
flows that can be admitted by RCSD and GR server, respec-
tively. We need to defineU r(i) andU g(i) for i 2 [1::N ]
whereN = maxfngh; n

r
hg. Consider the definition of

U r(i). Clearly, wheni � nrh, U r(i) is:

U r(i) =
rhi+ rlL

r(i)

C
i � nrh (13)

If nrh � ngh, then we will requireU r(i) for i > nrh also.
In such a case, the number of high throughput flows that
should be used in determining utilization isnrh. Further-
more, sinceLr(i) is not defined fori > nrh, Lg(i) should
be chosen as the number of low throughput flows. How-
ever, since at mostLr(nrh) low throughput flows may be
admissible along withnrh high throughput flows, we con-
clude thatminfLr(nrh); L

g(i)g number of low throughput
flows should be used in the computation ofU r(i) when
i > nrh. Hence, we get:

U r(i) =
rhn

r
h + rlminfLr(nrh); L

g(i)g

C
nrh < i � N

(14)
The functionU g(i) is defined analogously. Note that in
the definition ofU g(i), the actual rates of the flows, and
not the reserved rates, are used.

We now define the two metrics as follows:

� Average utilization gain: This metric, denoted byU ,
is defined to capture the expected increase in utiliza-
tion yielded by a RCSD server. It is defined as:

U =
1

N

 
i=NX
i=1

U r(i) � U g(i)

U g(i)

!
(15)

� Maximum average utilization gain: This metric, de-
noted byU+ is defined to capture the maximum
expected increase in utilization yielded by a RCSD
server. It is based on the observation that since GR
class is a proper subset of RCSD class, it is always
possible for a RCSD server to achieve the utilization
of a GR server. Hence, for determining maximum ex-
pected increases in utilization, any loss in utilization
yielded by RCSD may be ignored. Specifically, it is
defined as:

U+ =
1

N

 
i=NX
i=1

maxf0; (U r(i) � U g(i))g

U g(i)

!
(16)
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Figure 2: Example Schedulability Regions for GR and
RCSD

We are now ready to define our experimental method-
ology. In an experiment, we choose a set of low and high
throughput flows. Foreach pair of low and high through-
put flows chosen from their respective sets, we determine
the schedulability region in RCSD and GR. Foreach pair,
we computeU andU+. Thus, we get a set of values for the
two metrics. We then determine a cumulative distribution
function for the metrics and employ it to determine the dif-
ference in achievable utilization between GR and RCSD
servers. In the next section, we present and analyze the
results of some of the experiments that we have conducted.

4 Experimental Evaluation

4.1 Basic Experiments

We construct several sets of low and high throughput flows
and choose several of their combinations. In a particular
set, all the flows have equal number of servers on their
path. Hence, letSi;kl andSi;kh denote theith low and high
throughput set, respectively, with all flows havingk servers
on their path. Letll and lh be the length of low and high
throughput flow packets, respectively. Also, let�l,�l, and
Di
l be set of burstiness, rate, and delay values for the low

throughput flows. Then, the setSi;kl , i 2 [1::3], is defined
as follows:

Si;kl = f(�; r; d; ll; k)j � 2 �l ^ r 2 �l ^ d 2 Di
lg (17)

The setSi;kh is defined analogous toSi;kl . Observe that
flows in setS1;kl ::S3;kl differ only in their delay values. The
sets�, �, andDi for low and high throughput flows are
defined in Table 1. (The delay and throughput values for
the low and high throughput flows are chosen so that they
correspond to audio and video flows, respectively). We let
the number of servers on the path be either1; 3; 5; 10; or

15. Note that since the average number of hops in Internet
is17, the number of servers we choose is conservative [10].
We conduct three experiments:

� EXP1: S1;k
l

andS1;k
h

are chosen to be the low and
high throughput sets. In this case, some flows in
the low throughput set have higher delay requirement
than the flows in the high throughput set, and vice
versa.

� EXP2: S2;kl andS2;kh are chosen to be the low and
high throughput sets. In this case, flows in the low
throughput set always have lower delay requirement
than the flows in the high throughput set.

� EXP3: S3;k
l

andS3;k
h

are chosen to be the low and
high throughput sets. In this case, flows in the high
throughput set always have lower delay requirement
than the flows in the low throughput set.

We assume that the capacity of each server is50Mb=s
and conduct these experiments for network environments
with fixed as well as variable size packets (leading to the
computation of 52650 schedulability regions).

� Networks with fixed packet size: We choosell =
lh = 512 bits. Figures 3 and 4 plot the cumulative
distribution function for the metricsU andU+, re-
spectively, for different values ofk. Figure 3 shows
that 70 � 80% of the time, average gain is less than
0, and it is at most0:15 in all the experiments when
k > 1. Figure 4 shows that maximum average gain
also is at most0:15.

� Networks with variable packet size: In networks with
variable packet size, we expect low throughput appli-
cations (such as audio) to have small packet size and
high throughput applications such as video to have
large packet sizes. Hence, we choosell = 512 bits
and lh = 8000 bits. Figures 5 and 6 plot the cumu-
lative distribution function for the metricsU andU+,
respectively, for different values ofk. Figure 5 shows
that 85 � 90% of the time average gain is less than
0 in all the experiments whenk > 1. Figure 6 shows
that90% of the time the maximum average gain is less
than0:02 in all the experiments whenk > 1. It also
shows that sometimes, the maximum average gain is
as high as1.

From the above experiments, we conclude, for both type of
networks, that: (1) as per the intuition presented in Section
2, the average gain and maximum average gain decrease
with increases in the number of servers on the path; (2)
70 � 80% of the time, the average gain is less than0; (3)
85 � 90% of the time, the maximum average gain is less



Type Burstiness Rate Delay
� � (Kb/s) D1 (ms) D2 (ms) D3 (ms)

Low fll; 10ll; 20llg f32; 64; 128g f25; 50; 75; 100; 200g f25; 50; 75; 100g f100; 125; 150; 175; 200g

High flh; 10lh; 20lhg f640; 1280; 2560g f25; 50; 75; 100; 200g f100; 125; 150; 175; 200g f25; 50; 75; 100g

Table 1: Parameters for the experiments
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Figure 3: Fixed size packet networks: Average gain in (a) EXP1, (b) EXP2, and (c) EXP3
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Figure 4: Fixed size packet networks: Maximum Average gain in (a) EXP1, (b) EXP2, and (c) EXP3
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Figure 5: Variable size packet networks: Average gain in (a) EXP1, (b) EXP2, and (c) EXP3
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Figure 6: Variable size packet networks: Maximum Average gain in (a) EXP1, (b) EXP2, and (c) EXP3



than0:02� 0:03; and (4)10� 20% of the time, the maxi-
mum average gain is non-negligible.

A further examination of the experimental results for
the10 � 20% cases, in which the maximum average gain
was non-negligible, demonstrated that most of the signif-
icant increase in utilization of RCSD occurred when both
the low and high throughput flows have burstiness equal to
the packet length, i.e., the flows are CBR. Since theoreti-
cally the achievable utilization of GR and RCSD should be
same when all the flows are CBR, this seems to be a con-
tradictory result. However, this is only an apparent contra-
diction.

To observe this, recall that we had restricted the GR
class to algorithms for which�i was given as�if =
lf
Rf

+
limax

Ci . This restriction included algorithms that al-
locate only rate (e.g., WFQ, Virtual Clock). However, GR
class contains algorithms such as Delay EDD that separate

rate and delay allocation and can have�if <
lf
Rf

+ limax

Ci ,

or �if >
lf
Rf

+ limax

Ci . Such algorithms have higher achiev-
able utilization than the algorithms that allocate only rate.
The unrestricted GR class that contains Delay EDD has
the same achievable utilization as the RCSD class when
the flows are CBR. Thus, to determine whether the non
negligible increase in utilization of RCSD server is due to
the additional buffer employed by it or the restriction that
we had placed on GR, in the next section, we repeat the
experiments with the unrestricted GR class.

4.2 Experiments with Unrestricted GR Class

In the unrestricted GR class, the reserved rateRf � rf
that will meet the end-to-end delay requirement of flowf
can be derived using:

df =
�f � lf
Rf

+Kd̂f (18)

where we have assumed that�if = d̂f . Observe that there

are several combinations ofRf and d̂f that will satisfy
(18). Hence, to determine bothRf and d̂f , we need one
more constraint.

To develop this constraint, we will assume that the
scheduling algorithm at each of the servers is Delay EDD.
The schedulability conditions for Delay EDD for variable
size and fixed size packet networks are given by (11) and
(12), respectively, withlf andRf substituted for�f and
rf , respectively. From an examination of the schedulabil-
ity conditions, we conclude that neither very high value of
Rf nor a very small value of̂df are desirable. Hence, to
balance these two tradeoffs we choose minimum value of

Rf � rf that will satisfy (18) while ensuring that:

d̂f � �
lf
Rf

(19)

where� � 1.
We determine the schedulability region for Delay EDD

as follows. Since the set of flows that are schedulable by
rate only allocation algorithms are also schedulable by De-
lay EDD, we first determine a tuple(nh; nl) as in Section 3
for GR. We then choose� = 0:1; 0:3; 0:5; 0:7, and0:9 and
determine the maximum number of low throughput flows,
n̂l � nl, that can be accepted along withnh high through-
put flows. This procedure when repeated for all values of
nh gives the schedulability region for Delay EDD.

We repeat the experiments presented in Section 4.1 to
compare the achievable utilization in GR and RCSD. We
find that the average gain becomes less than0 in all the ex-
periments fork > 1. Hence, we only plot the maximum
average gain for fixed and variable length packet networks
in Figures 7 and 8, respectively. As the figures demon-
strate, the maximum average gain reduces significantly for
k > 1. It is always less than0:01 for fixed size packet
networks and0:05 for variable size packet networks.

We repeat all the experiments that we have presented so
far by increasing all the delay values by100ms. Figures 9
and 10 plot the maximum average gain for fixed size and
variable size packet networks, respectively. As the figures
demonstrate, there is no significant change in the results.

4.3 Experiments with Randomly Generated
Flows

In our experiments so far, we have assumed that there are
only two types of flows at a server. In this section, we de-
termine the difference in achievable utilization when the
flows have heterogeneous characteristics. To achieve this
objective, we generate a list of flows that have hetero-
geneous characteristics and then determine the subset of
flows accepted in RCSD and GR using two methods:

1. We consider flows for acceptance in sequential order
and determine the subset of flows that are accepted
by a RCSD server using the schedulability conditions
presented before. We then determine the subset of
flows accepted by a GR server in two steps:

� We determine the subset of the accepted flows
that can be scheduled by a GR server using the
schedulability conditions for Delay EDD and
� = 0:1; 0:3; 0:5; 0:7; and0:9.

� If all the flows accepted by RCSD are accepted
by GR, we determine the subset of the remaining
flows that can be accepted by GR.
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Figure 7: Fixed size packet networks: Maximum Average gain with Delay EDD in (a) EXP1, (b) EXP2, and (c) EXP3
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Figure 8: Variable size packet networks: Maximum Average gain with Delay EDD in (a) EXP1, (b) EXP2, and (c) EXP3
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Figure 9: Fixed size packet networks with delay increased by100 ms: Maximum Average gain with Delay EDD in (a)
EXP1, (b) EXP2, and (c) EXP3
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Figure 10: Variable size packet networks with delay increased by100 ms: Maximum Average gain with Delay EDD in (a)
EXP1, (b) EXP2, and (c) EXP3



Let Qr andQg be the set of accepted flows in RCSD
and GR, respectively. Define utilization of RCSD and
GR servers, denoted byur and ug respectively, as
ur = 1

C

P
i2Qr ri andug = 1

C

P
i2Qg ri whereC

is the link capacity. Then RCSD utilization gain,U r

is defined as:U r = ur�ug

ug
.

2. This method is the same as the previous with the only
change that roles of GR and RCSD are reversed. In
this case, we define GR utilization gain,U g as:U g =
ug�ur

ur
.

In an experiment, we generate a large number of dif-
ferent list of flows, determineU r andU g for each list,
and determine the cumulative distribution function of both
the metrics. The lists of flows are generated as follows.
We choose range of burstiness factor[bmin; bmax], packet
lengths[lmin; lmax], rate[rmin; rmax], delay[dmin; dmax],
and number of servers on the path[kmin; kmax]. We then
generate the quintuple(�f ; rf ; lf ; df ;Kf ) for a flow by
choosingrf , lf ,df , andKf from their respective ranges
with uniform probability. We choose burstiness factorbf
uniformly from its range and set�f = bf lf . A list of flows
consists of such randomly generated flows and has at most
one flow more than that required to ensure that the aggre-
gate rate of the flows in the list is at least that of the link
capacity.

We conduct6 experiments and generate100; 000 lists in
each experiment. The ranges for all the factors other than
delay are kept same in all the experiments. The ranges
that we choose are:[bmin; bmax] = [1; 20], [lmin; lmax] =
[512; 8196] bits, [rmin; rmax] = [32; 2056] Kb/s, and
[kmin; kmax] = [3; 15]. The six different ranges that
we choose for delay are:[25; 200] ms, [100; 200] ms,
[100; 300]ms,[100; 400]ms,[100; 500]ms, and[100; 600]
ms. Figures 11(a) and 11(b) plot the metricsU r andU g

for these experiments, respectively. As both the figures
demonstrate, in most cases, RCSD has lower utilization
than GR, but the loss decreases with increase in the upper
bound on delay. Observe that the distribution of the gain
in utilization of RCSD is similar to the experiments con-
ducted in the previous section. Hence, it appears that the
results are not very correlated with the particular choice of
parameters.

5 Discussion

The experiments in the previous section demonstrate that,
in most cases, RCSD networks that employ non-CBR
shapers have lower achievable utilization than GR net-
works. In few cases that they have higher utilization, the
increase is small. Since RCSD networks with non-CBR
shapers have higher buffer requirement than GR networks,

we conclude that additional buffer does not increase the
achievable utilization of a network providing determinis-
tic guarantees. Furthermore, contrary to intuition, use of
additional buffer may decrease the achievable utilization
significantly.

It may be argued that since additional buffer does in-
crease utilization sometimes, although by very small per-
centage, it may be used only when it increases the utiliza-
tion and not otherwise. However, an algorithm for deter-
mining when to use additional buffers such that utilization
always increases is not known. Furthermore, in many of
our experiments in the previous section, the schedulability
region is similar in structure to the hypothetical example
shown in Figure 2. In such a case, the utility of additional
buffer is dependent not only on the characteristics of the
flows but also the specific combination of flows that have
to be supported. Thus, it may be difficult to determine util-
ity of additional buffers in a network where the set of flows
may change dynamically.

In our experiments, we have focussed on the gain in
maximum achievable utilization of a network. Though
buffer does not help in increasing the achievable utiliza-
tion, it may be argued that it may improve other measures
of network performance such as call blocking probability.
However, our experiments indicate that this is unlikely as
most (99% or higher) of the times, the maximum average
utilization gain is0. Unless the flow arrival process is such
that the network operates most of the time in the small re-
gion where the maximum average utilization gain is non-
zero, buffer would not yield reduced call blocking proba-
bilities.

Though additional buffer at the servers does not in-
crease achievable utilization when a network provides de-
terministic guarantees, it may be desirable for other rea-
sons. If the burstiness of the sources is not smoothed at the
edge and additional buffer is employed at the switches to
absorb the burstiness, then due to the resultant overall work
conserving nature of the systems, the packets of sources
will experience smaller average delay. Furthermore, a net-
work may be able to achieve better statistical multiplexing
of best effort packets and thereby achieve higher overall
throughput [12]. Finally, a network that supports deter-
ministic service as well as a service that provides guaran-
teed throughput, but not delay, may be able to employ addi-
tional buffer for deterministic service to increase its overall
utilization [2].

6 Concluding Remarks

A theoretical investigation to determine whether source
traffic should be completely smoothed or not when a net-
work provides deterministic guarantees has been carried
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Figure 11: Randomly generated flows: (a)U r (b)U g

out in [5]. However, [5] makes several simplifying as-
sumptions (for example, the differences in the delay re-
quirements of flows are not accounted for) that make it in-
applicable to the more general problem that we have in-
vestigated. We are not aware of any other theoretical or
experimental study that investigates the utility of buffer in
a network providing deterministic guarantees.

In this paper, we took a step towards determining the
effectiveness of buffer in increasing achievable utilization
of networks providing deterministic guarantees. To de-
termine the increase, we classified the packet scheduling
algorithms as either belonging to the class of Guaranteed
Rate (GR) scheduling algorithms or Rate Controlled Ser-
vice Disciplines (RCSD). We experimentally determined
the difference in achievable utilization of RCSD and GR
servers when RCSD servers employ additional buffers.
Our experiments demonstrated thatcontrary to intuition,
in most cases, additional buffers in a network of RCSD
servers do not lead to higher achievable utilization. This
experimental result indicates that if a source desires deter-
ministic bounds on packet delay, then the traffic should be
completely smoothed at the source [9].

Though our experiments explored large parameter space
(more than 100,000 schedulability regions and 700,000
sets of flows were generated), they are not exhaustive.
Hence, they should be considered as the first step in evalu-
ating effectiveness of buffer in increasing achievable uti-
lization of networks providing deterministic guarantees.
We plan to extend this study in several ways. For exam-
ple, we plan to evaluate the effectiveness of buffer for de-
terministic guarantees when the sources are characterized
by models such as D-BIND [11].
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