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Abstract— Resilient Packet Ring (RPR - IEEE 802.17) is

an insertion buffer, dual ring technology, utilizing a back

pressure based fairness algorithm to distribute bandwidth

when congestion occurs. The fairness algorithm may os-

cillate and under some conditions the oscillations continue

indefinitely even under stable load conditions. In this paper,

we evaluate the latency experienced by packets sent during

such oscillations. We analyze transient behavior and how

the oscillations of the fairness algorithm influence the jitter

caused by unfair access to the ring, as well as jitter caused

by the insertion buffers around the ring. We conclude

that, in most cases, latency and jitter are within acceptable

bounds. A modification to the RPR fairness algorithm has

previously been proposed by the authors, but its implications

on latency has never before been demonstrated. We compare

the improved fairness algorithm to the original, and find that

the modified algorithm, for all evaluated scenarios, perform

at least as well as the original with respect to latency and

jitter. In some problem scenarios, we find that the modified

algorithm performs significantly better than the original.

Keywords: Resilient Packet Ring, Fairness, Latency,

Jitter, Performance evaluation by Simulations.

1. INTRODUCTION

Resilient Packet Ring (RPR) is a communication stan-

dard developed by the IEEE in the 802 LAN/MAN Com-

mittee, and is assigned standard number IEEE 802.17-

2004 [1], [2]. The ring access method used by RPR was

developed in the 1970’s, and is called the insertion buffer

principle [3], [4]. When a frame in transit arrives at a

node that is currently adding a packet onto the ring, the

transiting packet is placed in an insertion buffer, termed

a transit queue in RPR. An RPR node may have two

transit queues. Then the Primary Transit Queue (PTQ)

stores high priority frames, while the Secondary Transit

Queue (STQ) stores medium and low priority frames.

The size of the STQ may be in the order of hundreds

of kilobytes. In this paper we investigate RPR systems

with two transit queues.

When congestion occurs, a buffer insertion ring, like

RPR, employs a fairness algorithm to divide the band-

width fairly between the contending nodes [5], [6]. In

this paper the so called aggressive mode of the fairness

algorithm will be used. This mode of operation is simpler

than the the other mode, the conservative mode, and it

is also the one used by e.g. Cisco.

A stable throughput per sender decreases the jitter

observed by the users of the network, and is hence

obviously desirable. When there is little traffic on the

RPR-ring, all packets may be added immediately, and

they will not have to wait in the transit queues on their

way along the ring to the sender. Hence the latency

consist of the propagation delay plus the time it takes

for the packets to be forwarded by each node on the

ring between the sender and the receiver. During periods

when the load is larger than the capacity, the latency may

increase for two reasons: i) access delay at the ingress

node and ii) increasing node transit delays caused by

high STQ occupancy.

The main contribution of this paper is the development

of understanding of how latency and jitter varies with

time and among different nodes when the system has

not reached a stable state, or when a stable state is not

possible to reach. A modification to the RPR fairness

algorithm has previously been proposed by the authors

[7], but its implications on latency has never before been

demonstrated. In this paper we analyze our modification

to the RPR fairness algorithm with respect to latency and

jitter. Among other things, we want to investigate how

latency is affected by transient load- and congestion con-

ditions. High and medium priority traffic has been shown

to have nice latency characteristics [2], [8], [9]. Although

low priority traffic (termed class C traffic in RPR) is



said to be "best effort" traffic, its latency characteristics

is indeed interesting. For example, a vendor may decide

to let all traffic be of equal priority, and since there are

certain restrictions with respect to the total amount of

high and medium priority traffic, all traffic must then be

of the low priority class (class C).

In an RPR system, there are several complex schedul-

ing algorithms, queue dependencies and complex feed-

back systems that makes it difficult to use analytical

models for detailed performance studies. Some attempts

using simplistic analytical models, however, have been

used to study different algorithmic properties for specific

load scenarios [10], [11]. For the purpose of this paper,

to obtain sufficient accuracy of the results, performance

evaluation by simulations is the only feasible method.

This paper is organized as follows: in section 2, we

give a short introduction to RPR, and in particular its

associated fairness algorithm. In section 3, we discuss

how to find a good set of scenarios to base our evaluation

on. In section 4, we present and discuss results from

the execution of the different scenarios. In sections 5

and 6, we discuss our proposed modification and assess

how it improves the behavior of the original fairness

algorithm. In section 7, we discuss a well known worst-

case scenario. In the final sections we show some related

work, conclude and identify some possibilities for further

work.

2. THE RESILIENT PACKET RING FAIRNESS

ALGORITHM

In an RPR network, when a link becomes congested

because several sending nodes try to send over it con-

currently, the objective of the RPR fairness algorithm

is to divide the available bandwidth fairly between the

contending nodes [11].
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Figure 1: Nodes 0, 7, 14 and 21 all send traffic to node 30

All nodes that send over the same congested link,

are members of a congestion domain. The node directly

upstream of the most congested link is called the head of

the congestion domain. The node in the congestion do-

main that is furthest away (upstream) from the congested

link is called the tail of the congestion domain. Later in

this paper we are going to use a scenario depicted in Fig.

1. Here nodes 0, 7, 14 and 21 all send traffic to node 30.

The congestion domain will consist of all the 22 nodes

from node 0 to node 21, i.e., 18 passive and 4 active

nodes. Node 0 will be the tail of the domain, node 21

the head.

When a node becomes head of a congestion domain, it

starts sending fairness messages, which is the feedback

mechanism of the control system. These feedback mes-

sages instruct the upstream nodes to restrict their add rate

according to the rate value of the fairness message. The

value used by the head as its approximation to the fair

rate, is the head’s own add rate run through a low-pass

filter. The head estimates and advertises new fair rates

with short intervals, by default every 100 microseconds.

The fairness algorithm does not always reach a stable

state [10]. The calculated fair rate will oscillate when

adjusting to changing load conditions. If the (new) traffic

load is stable, these oscillations should decay as the

fairness algorithm converges to the new fair division of

sending rates. For some scenarios however, even under

stable load conditions, the fairness algorithm does not

converge, and the rate at which each different node is

allowed to send, continues to oscillate.

3. DISCUSSING WHICH SCENARIOS TO USE

We have developed two RPR simulators that run the

fairness algorithm according to the final RPR standard

text [1]. One simulator is based on OPNET Modeler [12],

the other on J-Sim [13]. The results shown in this paper

are results from running the J-Sim simulator (but the

OPNET simulator gives the same results).

In a congestion domain, some senders may be greedy,

i.e. they want to send as much as possible, while others

send at a limited rate. For modest senders, i.e. senders

sending less than their fair share, RPR should not impose

any rate restrictions. For nodes having more to send

than their fair share, RPR restricts their sending rate.

As class C traffic is subject to competition for bandwidth

resources at all stages from the ingress node and through

the network to the egress node, the latency of this traffic

class is difficult to estimate, and the RPR standard states

that this traffic class has no associated delay guarantees.

The purpose of the scenarios analyzed in this paper is

to shed more light on the latency characteristics of this

traffic class.

In the scenarios used in this paper, all RPR nodes are

40km (0.2 ms) apart, there are a total of 64 nodes on the

ring, and the frame size is 500 bytes. By letting all nodes

initially be idle, and then let them all start sending at the

same time, we demonstrate behavior under transient load

conditions.



4. GREEDY SENDERS

Fig. 1 illustrates our first scenario. For simplicity, there

are 4 senders only, namely nodes 0, 7, 14 and 21 sending

to node 30. Node 0 becomes the tail, and node 21 the

head of the congestion domain.

The first symptom that a congestion situation is immi-

nent, is that the head’s STQ occupancy starts growing.

Once the STQ occupancy exceeds a threshold termed

low, the head is by definition congested. By itself, this

does not have a dramatic effect on the delay imposed

on traffic passing through the congestion point (both

add and transit traffic). However, when the growing

STQ occupancy of the head reaches another, higher

threshold, termed high, the RPR scheduler refrains from

the sending of local traffic. Thus in this period, until the

working of the RPR fairness algorithm makes the transit

buffer occupancy fall below the high threshold again, the

access delay for traffic from the head is greatly increased.

This can be observed in Fig. 2a in terms of reduced

throughput for the head in the period [0.11,0.12] and in

Fig. 2b by the peak in delay for traffic from node 21,

at time 0.125. The effect of the increased transit delay

(due to a higher STQ occupancy) can be observed for

the other traffic flows as well. But as seen, this increase

is less significant than the increase in access delay for

the head.

During the convergence process towards the fair divi-

sion of sending rates, the head’s STQ occupancy may

exceed the high threshold several times. This is the

reason for the additional spikes in delay for traffic from

the head at about 0.15 and 0.17 sec.

When the distance between the head and the tail is

long, and the low-pass filter is not smoothing the add-

rate measurements enough, the RPR fairness algorithm

does not converge [10]. We run the exact same scenario

as above once more, but this time we let the fairness

algorithm use a slightly less smoothing (quicker) low-

pass filter. The throughput and delay performance is

shown in Fig. 2c and Fig. 2d. Initially node 21 takes

far more of the bandwidth than its fair share (remember

all nodes are greedy), its transit buffers starts filling, and

the node becomes congested. We see the same initial

spikes in delay for traffic from the head. However, since

the fairness algorithm never converges, due to large

variations in the fair rate received from the head, we

incur large sustained variations in throughput for all

nodes. This also incurs variations in the access delay

for the nodes upstream of the head. I.e. as the fair rate

increases, a packet has, on average, to wait a shorter time
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(a) Throughput using a slow low-pass filter (lpCoef=256)
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(b) Latency when using a slow low-pass filter (lpCoef=256)

0

200

400

 0  0.05  0.1  0.15  0.2  0.25  0.3  0.35  0.4  0.45  0.5

Th
ro

ug
hp

ut
 (M

bi
t/s

ec
)

Time (sec)

All greedy senders - no convergence

Node 0
Node 7

Node 14
Node 21

(c) Throughput using a quicker low-pass filter (lpCoef=128)
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(d) Latency when using a quicker low-pass filter (lpCoef=128)

Figure 2: Greedy Senders - Aggressive Fairness Algo-

rithm. Throughput and latency per sender node measured

at node 30 using 2 ms sampling intervals.

before the scheduler has accumulated enough credits to

be added to the ring. And vise versa, as the fair rate

decreases, a packet has, on average, to wait a longer time

before the scheduler has accumulated enough credits to

be added to the ring. The head is to a lesser degree

affected by this, as it is not rate controlled directly by

the fair rate estimate.



5. PERFORMANCE OF AN IMPROVED FAIRNESS

ALGORITHM

The authors have previously proposed an improve-

ment to the RPR fairness algorithm [7], but the latency

performance characteristics of an RPR ring where this

improvement is implemented has so far been unknown.

The reason that an improvement is needed is that

the tail node often is sending significantly more than

the other nodes. Looking at Fig. 1, node 21 is the

head, node 0 is the tail and node 7 is the tail’s closest

active downstream neighbor. If node 7 detects that its

upstream active neighbor(s) (node 0) currently send less

than the fair bandwidth advertised by the head, node

7 informs its upstream neighbor(s) (node 0) that it can

transmit without any rate restrictions. When node 0 has

a greedy sending behavior, this will result in an average

throughput of node 0, in excess of its fair share.

By modifying the RPR fairness algorithm it is possible

to avoid this unfair extra sending from node 0. The

modification includes never sending full rate messages

upstream when there is a downstream congestion. Instead

the fair rate is propagated (by the tail) further upstream,

either all the way around the ring, or until a new con-

gestion domain is encountered. Such fairness messages

do no harm, because before they reach the head of a

new congestion domain they will mostly pass nodes that

send very little (less than their fair share). The only effect

they have is the wanted one; to stop excessive sending

from nodes that in reality (but not formally) are part of

the congestion domain in which this fairness message

originate from the head. Also, the forwarding of the

messages does not consume any extra resources as the

messages are sent anyhow, but with a different value in

the rate field.
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Figure 3: Latency per sender node measured at node 30

using the modified fairness algorithm

Our modification not only leads to improved through-

put characteristics as reported in [7], in the present paper

it is also shown that the latency performance is improved.

The performance of our modified algorithm is depicted

in Fig. 3. We see that, when not taking into consideration

latency caused by the propagation delays (9*0.2=1.8ms

for traffic from the head), the maximum latency is now

down from about 18 ms. to about 10 ms.; that is about a

50 % improvement. Notice that the maximum on the y

axis now is 12 ms., as opposed to 20 ms. in the previous

plots. Also notice that now all nodes have about the same

latency increase during the first oscillations (at time 0.11

sec.). At approximately time 0.12 sec. the transit queue

of node 21 completely empties, and all upstream nodes

(0, 7 and 14) experience no added latency. Also node

21 believes it is not congested any more, and tell the

upstream nodes to send at full speed. But this greedy

sending by all nodes will very soon result in the transit

queue of node 21 to fill up to the high threshold, thus

temporarily disallowing the adding of additional traffic

by node 21. In Fig. 3 we see that at time 0.13 sec.

this causes the (access) delay of node 21 to increase as

well as introducing a moderate increase in the (transit)

delay for traffic from the upstream neighbors. But soon

after, the fairness algorithm converges, and all latencies

become stable.

6. NON-GREEDY SENDERS

In this scenario, we use the same set of active senders

as above (Fig. 1), but now the senders are more modest.

When the total load from all four active nodes is less

than the full bandwidth, RPR behaves nicely; the fairness

algorithm does not even kick in and latency and jitter

behaves very controlled (not shown).

If we let each of the four active senders transmit at

30% of the full bandwidth, resulting in an aggregate

demand of 120% of the full bandwidth, the system

becomes congested. Some results are shown in Figs. 4a

(throughput) and 4c (latency).

As seen in Fig. 4a, the aggressive fairness algorithm

has an initial, semi-stable period, where the operation

of the fairness algorithm maintains an excessive sending

behavior by the tail. As the simulated time progresses,

at time 0.3, the operation of the aggressive fairness

algorithm makes a transition to the unstable state and

remains there. Thus the algorithm never reaches a steady-

state and the oscillatory behavior of the throughput and

latency performance (Fig. 4c) is sustained.

The use of our modified algorithm alleviates the

problem of the tail sending too much. During the initial

(transient) phase the throughput (Fig. 4b) and latency

(Fig. 4d) of the individual flows varies. However, at

time 0.3, when the fairness algorithm has converged,
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Figure 4: 30% Senders - Aggressive and Modified

Fairness - Throughput (a and b) and latency (c and

d) per sender node measured at node 30 when each

node contributes with 30% of link capacity, using a

medium low-pass filter (lpCoef=128) and 2 ms sampling

intervals.

the throughput and latency performance for all flows

stabilizes at a constant level.

7. GREEDY AND NON-GREEDY SENDERS

It has been reported, first by Knightly et al., that RPR

throughput oscillates considerably when the head of the

congestion domain transmits at a modest rate [14]. Below

we analyze how latency and jitter are influenced by these

oscillations. In order to analyze the situation, we use the

scenario depicted in Fig. 5, containing two senders; one

greedy sender and one that sends very little; i.e. at only

5% of the total link capacity. Fig. 6 shows the latencies

of the traffic sent from the two nodes as it is received

by node 2.

1 20

GREEDY
5%

Figure 5: Unbalanced Scenario. The upstream node has

an infinite demand (greedy sending behavior), while the

downstream node has a modest sending behavior (sends

at 5% of the line rate).
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Figure 6: Modest congestion head node. The figure plots

latency per sender node measured at node 2 using a quick

low-pass filter (lpCoef=64)

The most noticeable characteristics of Fig. 6 is the

latency peaks at times 0.1 sec., 0.2 sec, 0.29 sec. etc.

The reason for this is that when the tail (node 0) sends

at full speed, the transit queue in the head (node 1) is

filling up. Then the latency of the packets transiting node

1 starts to increase. This can bee seen in Fig. 6 as the

latency gradually increases before the peaks.

Node 1 has been sending at a very low rate, and

since the head’s approximation to the fair rate is its own

current send rate, the fair rate becomes a very low rate.

The fairness message is sent to node 0, that has to adjust

its send rate to this very low fair rate. Some packets will

then have to wait a long time at the head of the add queue

before the scheduling rules allow transmission, and this

results in the peaks in Fig. 6.



8. RELATED WORK

The performance and implementation of different al-

gorithms for various insertion-ring architectures have

been studied extensively [11], [15]–[17]. Papers have

been published studying different RPR performance

aspects, both for hardware implementations [11], [18]

and simulator models [2], [8], [11], [19]. Huang et al.

presents a thorough analysis of ring access delays for

nodes using only one transit queue [19]. Robichaud et

al presents ring access delays for class B traffic for both

one- and two transit queue designs [8]. Gambiroza et al.

focus on the operation of the RPR fairness algorithm and

their alternative proposal, DVSR, and their ability, for

some given load scenarios to converge to the fair division

of rates according to their RIAS fairness reference model

[11].

9. CONCLUSION AND FUTURE WORK

In this paper we have focused on the performance

of the RPR fairness algorithm with respect to jitter

and latency for low priority traffic. Our simulator has

been used in evaluation experiments to observe RPR

performance during stable and non-stable executions.

The traffic scenarios used have been carefully selected

in order to learn as much as possible about the general

RPR performance. Due to a larger diversity in real

traffic, exactly the same performance as shown in this

article will not be seen in real traffic, but the underlying

characteristics will be the ones shown.

A previously published modification to the fairness

algorithm was designed by the authors to prevent oscil-

lations caused by the tail getting more bandwidth than

the other nodes. In the present paper it is shown, for

the first time, that this modification also leads to better

latency characteristics for the involved nodes.

In future work, it would be interesting to look further

into the performance of the RPR conservative fairness

algorithm. In particular, it would be interesting to inves-

tigate whether it is possible to improve its steady-state

throughput performance.
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