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ABSTRACT

The Resilient Packet Ring (RPR) architecture, known as the IEEE 802.17 standard, 

is an emerging network architecture and technology designed to meet the requirements of 

a packet-based metropolitan area network. The Priority Queue (PQ) algorithm is 

recommended as the scheduling scheme for RPR, which always gives priority to the 

transit buffer. Using this scheduling scheme in RPR, the high priority traffic, such as 

video packets waiting to access the ring at congested node in the transmit buffer, will 

suffer large delays and unsteady delay jitters. In this thesis, we propose new scheduling 

schemes which alternately select packets form the transit buffer and the high priority 

transmit buffer using the Deficit Round-Robin (DRR) algorithm which is known to be of 

low complexity. We investigate the system performance for the case of transmitting 

MPEG-4 encoded video as high priority traffic. Simulation results show certain 

improvements in the overall delay, delay jitter, and video quality.
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Chapter 1

1. Introduction

1.1 Background and Motivation

The Resilient Packet Ring (RPR) [1][2] architecture (IEEE 802.17 standard), is a 

ring network technique based on a highly scaleable and resilient technology for the 

efficient transfer of packet-based traffic across a network. RPR networks offer multiple 

performance benefits such as spatial reuse, bandwidth efficiency, ease of management, 

resilience and scalability. These advantage make RPR an attractive alternative for high 

speed MANs (Metropolitan Area Networks) and LANs (Local Area Networks).

RPR has two ring architectures: Single Transit Buffer (STB), and Dual Transit 

Buffer (DTB) [1][2][3][4]. For both architectures, a high priority and a low priority 

transmit buffer exist at the client side. In the STB architecture, a single transit buffer 

mixes Low Priority (LP) and High Priority (HP) traffic from the transmit buffer into one 

traffic buffer on the ring. In the DTB architecture, two transit buffers exist for LP and HP 

traffic. When the traffic arrives from the ring, it is either dropped if it is destined for that 

node, or placed in the high priority or low priority transit buffer, according to its 

classification.

-  1 -
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The Priority Queue (PQ) [5] algorithm is used as the scheduling scheme for RPR. 

The scheduler serves a specific queue on the basis that all the higher priority queues have 

been handled and emptied. This approach ensures low delay for higher priority traffic. 

However, it often causes the starvation of lower priority queues [6], For the STB 

architecture, traffic on the ring, which is a mixture of HP and LP transit traffic, has higher 

priority over the transmit HP traffic. This could cause the LP traffic on the ring to block 

the transmit HP traffic from accessing the ring. For the DTB architecture, overwhelming 

HP traffic from upstream node, which is not subject to the fairness algorithm, can block 

downstream HP traffic from gaining access onto the ring. For both architectures, high 

priority traffic waiting to access the ring at the congested node will suffer large delays 

and unsteady delay jitters. Video traffic, usually classified as high priority traffic in RPR, 

is delay and delay jitter sensitive. Therefore, RPR traditional scheduling schemes may not 

satisfy the strict Quality of Service (QoS) requirements of real-time video applications.

1.2 Objectives of this Thesis

• Investigation of scheduling algorithms to improve the performance of the high 

priority traffic in RPR: Video traffic classified as high priority traffic in RPR has 

very high QoS requirement. Current scheduling algorithm in RPR is not fair for 

the high priority traffic during network congestion interval. To improve the QoS 

of video traffic transmission in RPR, we need to investigate all the popular 

scheduling algorithms and propose one which can improve the performance of 

high priority traffic in RPR.

• Modeling and Simulation of MPEG-4 traffic: MPEG-4 traffic is needed as traffic 

sources for network performance study. A traffic generation tool which can

- 2 -
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model and simulate real MPEG-4 traffic is an ideal substitute for real MPEG-4 

traces.

•  Studying performance impact of scheduling algorithms on MPEG-4 transmission: 

To prove the effectiveness of our proposed scheduling algorithm, we need to 

evaluate the quality of MPEG-4 traffic after transmission over different 

scheduling algorithms. Delay, delay jitter and objective measure Peak Signal to 

Noise Ratio (PSNR) are used to measure the performance impact of scheduling 

algorithms.

1.3 Thesis Contributions

The following are the main contributions of this thesis:

• New scheduling schemes for RPR based on the Deficit Round Robin algorithm [7], 

Two scheduling schemes are proposed separately for RPR with single transit buffer 

and dual transit buffer. Our scheme can provide guaranteed service for high priority 

traffic at congestion nodes. [8].

• Performance evaluation of our proposed schemes through simulations. The 

performance was compared with the original RPR priority queue scheduling schemes. 

Through the simulation results, we show that our schemes achieve improvement over 

the original RPR schemes on delay and delay jitter performance for video traffic at 

congested nodes [9].

• Modeling traces of real MPEG4 traffic. The models are developed by using 

Transform Expand Sample (TES) [10]. We model I frames, P frames and B frames 

using three different TES models as in [11]. Based on these models, we develop tools

- 3 -
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and incorporate these tools into network simulator OPNET for MPEG-4 traffic 

generation. This enables the study of MPEG-4 transmission performance over 

networks by using simulation. The traffic we generate matches the statistical 

characteristics (in terms of marginal distribution and auto-correlation function) o f an 

original real trace of video frames that were generated using an MPEG-4 encoder 

[12].

• Evaluation of the video quality after its transmission over networks using different

scheduling schemes. Peak Signal to Noise Ratio (PSNR) is used as an objective 

measure of video quality. We observe better PSNR average and variance by using our 

proposed scheme due to less delay and jitter.

1.4 Thesis Outline

The rest of the thesis is organized as follows:

Chapter 2 introduces the RPR with single transit buffer and dual transit buffer. We also 

introduce the fairness algorithm, topology discovery, and resilience in RPR.

Chapter 3 presents an overview of scheduling algorithms. Processor sharing scheduling 

algorithm and round robin scheduling algorithm are introduced separately. We compare 

these two classes of scheduling algorithm at the end of this chapter.

Chapter 4 introduces our models and tools for simulation of video transmission. 

Transform Expand Sample methodology is used to model the real video traffic. A traffic 

generation tool is developed based on those models. We incorporate the traffic generation 

tool into OPNET simulation platform as traffic source.

- 4 -
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Chapter 5 explains our proposed scheduling schemes. We introduce two scheduling 

schemes for single transit buffer and dual transit buffer separately. Simulation results and 

analysis are presented for both the proposed scheduling schemes.

Chapter 6 presents simulation results and analysis on video transmission on RPR. We 

compare the results of our proposed scheduling scheme with the original RPR priority 

queue scheduling schemes.

Chapter 7 concludes the thesis.

- 5 -
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Chapter 2

2. Resilient Packet Ring (RPR) Networks

The Resilient Packet Ring (RPR) architecture, which is being standardized as IEEE 

802.17, is a ring based network protocol supporting data transfer among nodes 

interconnected in a dual ring configuration. The RPR protocol scales to the demands of 

the future packet networks and includes sophisticated resilience mechanisms and efficient 

transfer of packet-based traffic across a network. RPR supports up to 256 node 

attachments and is optimized for rings with a maximum circumference of 2000 

kilometers [ 1 ] [2].

RPR has certain advantages over other MAN or WAN technologies such as 

SONET/SDH rings and Gigabit Ethernet. Most of the networks deployed by service 

providers as MANs or WANs are based on SONET/SDH rings. One of the rings in 

SONET is used as the back-up ring which remains unused during normal operation and 

utilized only in the case of failure of the primary ring. Network monitoring requirements 

and static bandwidth allocation increase the total cost of a SONET network. Gigabit 

Ethernet does not require static allocation and provides cost advantages, but it cannot 

provide the desired features such as fairness and auto-restoration [13].

- 6 -
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2.1 Overview of RPR

RPR connects nodes into a point-to-point, bi-directional full duplex ring topology. 

Bidirectional rings provide resilience since a packet can reach its destination even in a 

situation of link failure in this kind of architecture. Unlike the token ring, in RPR several 

packets might be on their way at the same time, provided the packets use different 

segments of the ring. This is called spatial reuse [14]. The overall throughput of a 

network using spatial reuse can be significantly higher than that of a network without 

spatial reuse. RPR spatially reuse the ring bandwidth by letting the destinations strip the 

packets. If the destination address in the packet header does not match a node’s address, 

the packet is forwarded to the next downstream node on the ring. Hence one packet may 

flow on one segment of a ringlet while other packet flows on another part of the same 

ringlet at the same time. Here a ringlet is defined as a subnet that connects all the nodes 

and moves traffic in one direction around the ring [15]. Each node is connected to two 

ringlets, and has a full duplex connection to the outside. The clockwise ringlet is denoted 

as the O-ring (outer ring) whereas the counter clockwise ring is denoted as the I-ring 

(inner ring). A typical RPR network topology is showed in Fig. 1.

Each ringlet interface includes transmit, transit and drop buffers. Packets on their 

way into the ring are stored in the transmit buffer, while packets that are stripped from 

the ring are stored in the drop buffer. Packets that are traveling on the ring are stored in 

each node’s transit buffer to be processed.

- 7 -
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Figure 1. RPR Network Topology

RPR supports two transit methods: cut-through (the node starts to forward the 

packet before it is completely received) and store-and-forward. When an RPR node is the 

receiver of a packet, it removes the packet completely from the ring, instead of merely 

copying the contents of the packet and letting the packet traverse the ring back to the 

sender as in the token ring. To prevent packets without a destination address recognized 

by any node on the ring from circulating forever, a Time to Live (TTL) field is 

decremented by all nodes on the ring [13].

The potential application of RPR will rely on its ability to provide QoS guarantees. 

These guarantees usually are bound on end-to-end delay, bandwidth, delay jitter (delay 

variation), packet loss rate, or a combination of these parameters. Providing QoS 

guarantees in a packet network requires the use of scheduling algorithms. The function of

- 8 -
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a scheduling algorithm is to select the packet to be transmitted in the next cycle from the 

available packets belonging to the flows sharing the output link. We will introduce 

scheduling algorithm in details according to different ring architectures in the following 

two sections.

Access to the ring is controlled by a fairness or Media Access Control (MAC) 

algorithm. In RPR, a control system with explicit rate feedback to upstream nodes 

contributing to the congestion is used in order to avoid starvation and achieve fair access 

to the ring. The basis of such a control mechanism is flow control packets that a node 

sends upstream when it does not get its fair share of the bandwidth. When defining fair 

distribution of bandwidth, RPR uses a principle in which when the demand for bandwidth 

on a link is greater than the capacity, the available bandwidth should be fairly distributed 

between the contending sender nodes. A weight is assigned to each node so that a fair 

distribution of bandwidth does not need to be an equal one. Fair rate is calculated by 

dividing the available bandwidth between all upstream nodes that are currently sending 

packets through the congested node, or by using their own current add rate of the 

congested node. When the upstream nodes receive flow control packets, they adjust leak 

rates of their leaky bucket to the fair rate advertised in the flow control packets. It is 

important to note that only low priority traffic is subjected to the fairness algorithm and 

RPR does not discard packets to resolve congestion [13][15].

For fairness algorithm, there are two options [1][2][13]. In the “Conservative” 

mode, the congested node only sends out a new fair rate value until all nodes in the 

congestion node have adjusted to the fair rate, and this change is observed by the 

congested node itself. The round trip time needed for fair rate packet traveling across all

- 9 -
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the nodes is estimated by sending special control frames across the congestion domain. In 

the “Aggressive” mode, fair rate calculations are made every sample period, which is 

typically set to 100 ps. When a node receives a fairness flow packet indicating no 

congestion, it will gradually increase its send rate again. The conservative method adapts 

to the new traffic pattern with fewer oscillations but more slowly than the aggressive 

mode. In our simulation, we chose the aggressive fairness algorithm.

There are topology databases in each node of RPR [13]. Topology discovery 

protocol is used to collect information about the nodes and interconnecting links. All 

nodes send control packets at system initialization containing their own status around the 

ring. All nodes will be able to compute a complete topology image after receiving the 

control packets. Whenever a new node is inserted into a ring, or whenever a node detects 

a link failure, it will immediately transmit a topology discovery message. If any node 

receives a message inconsistent with its current topology image, it also will transmit a 

new topology message. This will result in all nodes transmitting their updated status 

information and all nodes rebuilding their topology image. The MAC also uses the 

topology database to find the shortest path when it needs to specify which ringlet to use 

for a packet.

RPR uses a behavior called steering to provide resilience. When a node detects that 

one of its links or a neighbor node has failed, it sends out topology messages. A node 

received such a message indicating that the ring is broken will start to send packets in the 

only viable direction to the receiver [13].

Each node of RPR has a high priority and low priority transmit buffer at the client 

side. Real time data such as video and voice can be classified as high priority traffic,

- 1 0 -
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which is sensitive to delay and delay jitter. Low priority traffic can be attributed to other 

non-critical data, which may suffer from delay and packet loss, but still meets the 

application requirements. The transit buffers can be configured in such a way that it can 

have one or two transit buffers.

2.2 The Single Transit Buffer (STB) Architecture

In the single transit buffer architecture, a transit buffer combines mixed low priority 

and high priority traffic. The traffic in this buffer has the highest priority. Fig. 2 shows 

the single transit buffer MAC architecture. In Fig. 2 only one ringlet is shown, but the 

architecture of the other ringlet is similar. At each node, both ringlets share the same 

transmit buffers and the drop buffer. The advantage of this configuration is that it 

simplifies the hardware implementation since only one transit buffer is used and fewer 

parameters for fairness control are needed. However, the traffic on the ring, which is a 

mixture of high priority and low priority traffic, can block the transmitted high priority 

and low priority traffic waiting to access the ring.

In each RPR node, the scheduler selects traffic in the following order [4]:

1) Packets from the mixed transit buffer.

2) Packets from the high priority transmit buffer.

3) Packets from the low priority transmit buffer.

In the STB architecture, congestion can be triggered in two ways [1][2][4]:

1) If the link traffic exiting a node scheduler exceeds a threshold.

The threshold is typically set to 95% of the link's bandwidth. The congestion status is 

lifted when the link usage falls below the threshold.

-11  -

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



Transmit Buffers

Client

MAC

Leaky Bucket

Pass through Traffic

Priority
Scheduler

From Ring To Ring

Transit Buffer

Figure 2. The MAC architecture of RPR with Single Transit Buffer

2) If the head of line timer expires.

The head of line timer indicates whether a packet at the head of the low priority transmit 

buffer has waited a fixed length of time and is deemed unfair. The node is deemed 

congested when the head of line timer expires. When congestion occurs, the initial fair 

rate is calculated by

(2 .1)

pt is the fair rate at node i, where node / is the congested node. C is the link rate of the 

ring. Ut is the link utilization, co is the number of nodes contributing to the congestion. 

The congested node is required to keep track of the contributing nodes counted in co.

-  1 2 -
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Source nodes which generate traffic passing through the congested node are counted. The 

count is reiset every sample period.

2.3 The Dual Transit Buffer (DTB) Architecture

In the DTB architecture, two transit buffers exist. One buffer is for low priority 

while the other is for high priority traffic. Fig. 3 shows the DTB MAC architecture. The 

arriving ring traffic is either dropped if destined for that node, or placed in the HP or LP 

transit buffer, according to its traffic classification. In dual transit buffer architecture, 

high priority traffic has the highest priority and is never blocked by low priority traffic 

passing through the node.

Transmit Buffers

EL.

O,

Client

MAC

Leaky Bucket

Pass through Traffic

Priority
SchedulerHP Transit Buffer< xFrom Ring LP Transit Buffer To Ring

Figure 3. The MAC Architecture of RPR with Dual Transit Buffer

DTB MAC architecture requires more complicated hardware design and more 

parameters for fairness control compared to STB MAC architecture. Also the LP transit
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buffer must be large enough to allow traffic bursts from the other buffers from 

contributing nodes.

The scheduling algorithm in DTB scheme is as follows [4]:

1) Packets from the High Priority Transit Buffer.

2) Packets from the High Priority Transmit Buffer.

3) Packets from the Low Priority Transmit Buffer.

4) Packets from the Low Priority Transit Buffer.

In DTB Scheme, congestion is triggered if the LP transit buffer size exceeds a 

threshold. There are two thresholds defined: The LOTHRESHOLD and the 

HITHRESHOLD. When the LP transit buffer size exceeds the LO THRESHOLD, then 

the node is deemed congested. If the buffer size exceeds HI THRESHOLD, then the LP 

transit traffic is deemed starved and transmitted LP traffic is blocked to let the LP transit 

buffer access the ring. If, at a later time, the buffer size falls below LO THRESHOLD, 

congestion is lifted. DTB scheme can achieve 100% link utilization because passing 

through LP traffic can always be buffered on the ring.

The fair rate is calculated by monitoring the add-in traffic from the congested node 

during congestion. This add-in rate is set as the fair rate in the fairness message. The 

basic logic of this algorithm is that all nodes should have the same transmitted 

throughput. If the throughput of a congested node drops, all other nodes should follow.

2.4 Key Characteristics

RPR has the following key features that can distinguish it from other network 

interconnects [2]:

a) Addressing: Unicast, multicast, and simple broadcast data transfers are supported.
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b) Services: Multiple service qualities are supported.

1) High Priority: The allocated/guaranteed bandwidth has low circumference- 

independent jitter.

2) Low Priority: Provides best-effort services.

c) Efficiency: Design strategies increase effective bandwidths beyond those of a 

broadcast ring.

1) Concurrent transmission: Clockwise and counter-clockwise transmissions can 

be concurrent.

2) Bandwidth reallocation: Bandwidths can be reallocated on non-overlapping 

segments.

3) Bandwidth reclamation: Unused bandwidths can be reclaimed by opportunistic 

services.

4) Spatial bandwidth reuse: Opportunistic bandwidths are reused on non

overlapping segments.

5) Temporal bandwidth reuse: Unused opportunistic bandwidth can be consumed 

by others.

d) Fairness: Fairness ensures proper partitioning of opportunistic traffic.

1) Weighted: Weighted fair access to available ring capacity.

2) Simple: Point-of-congestion flow-control facilitates per destination queuing in 

client.

3) Detailed: Allows the client to selectively throttle its transmissions based on 

multiple congestion point indications.
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e) Plug-and-play: Automatic topology discovery and advertisement of station capabilities 

allow systems to become operational without manual intervention.

f) Robustness: Multiple features support robust frame transmissions.

1) Responsive: Service restoration time is less than 50 milliseconds after a station 

or link failure.

2) Lossless: Queue and shaper specifications avoid frame loss in normal 

operation.

3) Tolerant: Fully distributed control architecture eliminates single points of 

failure.

4) OAM: Operations, administration, and maintenance support service provider 

environments.
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Chapter 3

3. Scheduling Algorithms

Scheduling algorithms are techniques that allow each flow passing through a 

network link to have a fair share of network resources. Based on its implementation 

strategies, most of the proposed work-conserving scheduling algorithms can be classified 

into two categories [16]: 1) schedulers that implement different variations of processor 

sharing service discipline [17] and 2) round-robin schedulers. In schedulers implementing 

different variations and approximations of processor sharing service discipline, Virtual 

Clock (VC) [18] , Packet-by-Packet Generalized Processor Sharing (PGPS) or Weighted 

Fair Queuing (WFQ) [19] and Self-Clocked Fair Queuing (SCFQ) [20] have received the 

most attention. Weighted Round Robin (WRR) [21] and Deficit Round Robin (DRR) [7] 

fall into the class of round-robin schedulers.

3.1 Processor Sharing Scheduling algorithms

Processor sharing scheduling algorithms assign time stamps to each packet arriving 

to the system. The time stamp is used by the scheduler to determine the sequence in 

which packets are served. VC, PGPS and SCFQ belong to this category.
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3.1.1 Virtual Clock (VC)

The Virtual Clock scheduling algorithm [18] [22] is aimed to integrate the benefits 

of time-division multiplexing (TDM) with those of statistical multiplexing. In VC 

implementation, each packet is allocated a virtual transmission time, which is the time at 

which the packet would have been transmitted if the server were actually doing TDM. 

The service discipline of the Virtual Clock scheduling algorithm is that whenever the 

scheduler is ready to serve a new packet, the packet with the smallest virtual clock value 

is selected for service. This service discipline is work-conserving and non-preemptive.

The virtual clock of a packet in flow /is denoted by p m ( / )  [18] [23].

p m( f )  := m a ( / >

(3.1)

Here m is an arbitrary packet of flow f  We use lm ( / )  to denote its packet length in bits, 

and Am ( / )  its arrival time to the facility ( A ( f ) > = 0). Flow rate r ( f ) bits/second is 

generated by negotiation between the source of flow /  and the service facility based on 

needs and how much they are willing to pay. p m ( / )  is implemented as a variable, which 

is zero initially and updated whenever a flow f  packet, such as m, arrives to the facility. 

The virtual clock of flow /  is a variable that holds the virtual clock value of the most 

recent arrival off  For a flow with traffic at exactly the reserved rate, Virtual Clock will 

equal the real time. In implementation, each guaranteed flow is allocated its own buffers, 

in order that the delay guarantee to a flow is independent of the behavior of other flows 

that share the same service facility. This is called Firewall Property.
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3.1.2 Packet-by-Packet Generalized Processor Sharing (PGPS)

PGPS [19] is a scheduling scheme which approximates Fluid Fair Queuing (FFQ) 

[17] service in a packet system. FFQ is a general form of the head-of-line processor 

sharing service discipline (HOL-PS) [22][24]. In HOL-PS, there is a separate FIFO queue 

for each flow sharing the same link. During any time interval, when there are N non

empty flows, the server serves the N packets at the head of the flows simultaneously, 

each at a rate of one Nth of the link speed. While a HOL-PS server serves all non-empty 

flows at the same rate, FFQ allows different connections to have different service shares 

in proportion to their service shares. The FFQ scheduler visits each active flow’s queue in 

a round-robin fashion and serves an infinitely small amount of data from each queue in 

such a way that during any finite interval of time, it can visit each queue at least 

once[25]. Consider a set of N flows denoted by 1,2,..., n demanding bandwidths b l5 

b2...,bn on a link of total bandwidth B. Without loss of generality, assume b!<b2<...<bn 

The FFQ scheduler first allocates B/n of the bandwidth to each of the active flows. If this 

is more than the bandwidth demanded by flow 1, the unused bandwidth, B/n- bls is 

divided equally among the remaining n-1 flows. The allocation process of the FFQ 

scheduler continues in this fashion until each flow has received no more than its demand 

and, if the demand was not satisfied, no less than any other flow with higher demand. 

FFQ is impractical because it assumes that the server can serve all connections with 

nonempty queues simultaneously and that the traffic is indefinitely divisible. In a more 

realistic packet system, only one flow can receive service at a time and an entire packet 

must be served before another packet can be served.
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PGPS approximate FFQ service in the following way [22]: when the server is ready 

to transmit the next packet at time x, it picks, among all the packets queued in the system 

at x, the first packet that would complete service in the corresponding FFQ system if no 

additional packets were to arrive after time x.

3.1.3 Self-Clocked Fair Queuing (SCFQ)

PGPS need to emulate a reference FFQ server. However, maintaining the reference 

FFQ server is computationally expensive. Self-Clocked Fair Queuing (SCFQ) [20] [22] is 

one simpler packet approximation algorithm of FFQ.

SCFQ introduces a Virtual time approximation algorithm. The algorithm is based 

on the observation that the system’s virtual time at any moment may be estimated from 

the virtual service time of the packet currently being serviced. SCFQ is slightly less fair 

than PGPS and also has a larger delay bound [20].

3.2 Round-robin Scheduling Algorithms

Round-robin scheduler serves flows in rounds. An active flow can send out one 

packet during each round. A flow is deemed active if there is at least one packet in its 

buffer waiting to be served. RR, WRR and DRR belong to this category.

3.2.1 Round Robin (RR) Algorithm

Round Robin algorithm [26] is the base of all other scheduling algorithms which 

serve flows in rounds. It circularly scans all the flow and transmits one packet from each 

active flow in each round. RR algorithm distributes all the available link capacity equally 

to all the active flows. It is fair insofar as all contending flows have the same reserved
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rate and all packets have the same size. For flows with variable packet sizes and different 

reserved rates, RR algorithm is not appropriate.

3.2.2 Weighted Round Robin Algorithm (WRR)

Weighted round robin (WRR) [21] scheme applies a weight for each flow. During 

each cycle, the scheduler visits all flows in a predetermined order. When the scheduler 

starts to process a flow, it de-queues a number of packets according to the corresponding 

weight of this flow before proceeding to the next flow. WRR doesn’t consider the 

variation of packet lengths [21]. It assumes that the average packet size over the duration 

of a cycle is the same for all flows. If this is true, each flow gets an equal share of the 

output link bandwidth. However, a flow can get max/min times the bandwidth of another 

flow in the worst case. Here max is the maximum packet size of one flow and min is the 

m in im u m  packet size of another flow. To cope with this problem, Deficit Round Robin 

(DRR) algorithm is proposed.

3.2.3 Deficit Round Robin Algorithm (DRR)

The DRR [7] algorithm is an extension of the WRR algorithm. Instead of 

processing a certain number of packets from each flow, DRR assigns a quantum for each 

flow. The quantum allocated to a flow is defined as the service that the flow should 

receive during each round robin service opportunity.

Active List, which is a linked list of the active flows, is maintained in the DRR 

scheduler [27]. When a flow is activated by receiving one or more packets, the flow is 

added to the tail of the Active List. A flow is deemed as active, during a certain time
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interval, if it always has packets awaiting service. DRR scheduler assigns quantum to 

each active flow. Suppose the transmission rate of an output link is r. Let n be the total 

number of flows and let p. be the reserved rate for flow i . Let p min be the lowest of these

reserved rates. Since all the flows share the same output link, we should ensure that the 

sum of the reserved rates should be equal or less than the transmission rate of the output 

link. To make sure that each flow receives service proportional to its guaranteed service 

rate, the DRR scheduler assigns a weight to each flow. The weight is given by

W i =  P i 1 P min

(3.2)
Note that Wi> 1. Qt represent the quantum assigned to flow i and Qmin is the quantum 

assigned to the flow with the lowest reserved rate. The quantum assigned to flow i, Q.t 

can be calculated as w,- * Qmm ■ In this way, the quantum assigned to each flow is in 

proportion of its reserved rate. Each flow has a Deficit Counter (DC), and the counter is 

incremented in each round as the amount of data the scheduler should try to schedule in 

the next round, considering the pre-defined service rate. This counter also records the 

difference between the amount of data actually sent thus far, and the amount that should 

have been sent. When a packet in the flow is served in the round, the counter is 

decremented by the amount corresponding to the packet size. If a queue is not able to 

send a packet in the previous round because its packet size is larger than the value of DC, 

the counter value is kept and will be used in the next round. Therefore, a queue that 

received less service than its quantum in a certain round is given an opportunity to 

receive more service in the next round.
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In order that the work complexity of the DRR scheduler is 0(1) (that is, the 

complexity doesn’t increase with the number of queues or packets ), it is necessary that 

Qmin should be equal to or greater than the size of the largest packet that may potentially 

arrive at the scheduler. This can guarantee that the packet size at the head of each queue 

at the start of its service opportunity will always be less than the sum of the DC value and 

the quantum value of the flow. Therefore, at least one packet is transmitted from each 

active flow during each round. Otherwise the per-packet work complexity increase to 

0(n) since one may encounter a situation in which, even after visiting each of the n flows 

and examining the respective DC values, no packet is eligible for transmission [25]. DRR 

requires the knowledge of the size of a packet before making a decision on transmission.

DRR can easily be adapted for guaranteed-rate service scheduling and is the most 

efficient scheduling algorithm for high speed network for its 0(1) computational 

complexity and low operational cost.

3.3 Discussion

Scheduling algorithms play an essential role in providing per-flow or per-class QoS 

guarantees in packet data networks. The QoS guarantees include bounded delay, 

guaranteed bit rate and fair service allocation to contending flows.

In terms of fairness and bounded delay performance, the schedulers based on 

processor sharing are better than the round-robin schedulers [16]. They are work- 

conserving in nature and achieve nearly perfect fairness. They also exhibit desirable 

performance characteristics, such as low delay and bounded short-term unfairness. 

Unfortunately, they are quite expensive in terms of implementation (0(log n) complexity, 

where n is the number of active flows ) and incur heavy operational overhead. The
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complexity arises from two main sources: updating the virtual clock and sorting the 

packet tags to schedule the new transmission. These prevent processor sharing scheduling 

algorithms from being cost-effectively implemented in high speed networks.

The round-robin schedulers divide the time line into allocation cycles and allocate 

each flow a fraction of the available bandwidth in each cycle. The main attraction of this 

class of schedulers is their simplicity, timestamp recording and packet sorting are no 

longer needed. DRR algorithm achieves nearly perfect fairness in terms of throughput, 

requires only 0(1) work to process a packet, and is simple enough to implement in 

hardware.

In Chapter 5, we will present our scheduling schemes which implement Deficit 

Round-Robin (DRR) algorithm in Resilient Packet Ring networks.
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Chapter 4

4. Modeling and Simulation of MPEG-4 Traffic

With the rapid development of information technology, robust transmission of 

video over networks is becoming an increasingly important application requirement. In 

order to reduce the bandwidth requirements, the source video data is compressed before 

transmission. Between many video compression standards, MPEG-4 is most suitable for 

Internet and wireless links. It is targeted for low bit rates. Its object-based coding 

functionalities allow for user interaction with audio-visual objects. The main features of 

importance are MPEG-4’s scalable coding techniques and error-resilient tools. These 

enhance network utilization and enable MPEG-4 senders to be more responsive to 

changes in variable network conditions. To enable the study of MPEG4 transmission 

performance over networks, we develop models and tools for MPEG4 traffic generation 

based on Transform Expand Sample (TES) methodology. After incorporated into 

network simulator, simulated traffic could be used as source traffic in the study of our 

proposed scheduling schemes over ring networks.
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4.1 Overview of MPEG-4

MPEG-4 is an ISO/IEC standard developed by Moving Picture Experts Group 

(MPEG). Although MPEG-4 is a video and audio compression standard, in this thesis we 

will only focus on MPEG-4 video.

Designed as an adaptive representation scheme that also accommodates very low bit 

rate application, MPEG-4 is very appropriate for Internet and wireless multimedia 

applications due to the following features[28][29]:

1) It is targeted to provide high video quality at relatively low bit rates. The lowest bit 

rate can be 5k bps.

2) Scalable video coding techniques are introduced into MPEG-4 to provide the varying 

coding bit rate for the varying channel capacity.

3) Many error-resilient tools are incorporated into MPEG-4, which guarantee the 

correctness of the data in the error-prone channels.

4) Object-based coding functionalities allow for interaction with audio-visual objects and 

enable new interactive applications.

5) Face animation parameters can be used to reduce bandwidth consumption for real

time communication applications.

MPEG-4 encoders generate three types of frames: I frames, P frames and B frames. 

They can be described as follows:

1)1 frames (intra-coded frames) contain the information that results from encoding a still 

image. They can be decoded without the need for any other frames.

2) P frames (predictively coded frames) require information from previous I frames 

and/or P frames for encoding and decoding.
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3) B frames (bi-directionally predictively coded frames) require information from the 

previous and following I frames and/or P frames for encoding and decoding.

MPEG-4 scalable video encoder generates multiple sub-streams in contrast to one 

compressed bit-stream of non-scalable video encoder. One of the compressed sub

streams from the scalable video encoder is the base layer sub-stream, which can be 

independently decoded and provides coarse visual quality. Other compressed sub

streams, which are called enhancement layer sub-streams, can only be decoded together 

with the base sub-stream and can provide better visual quality. For example, temporal 

scalability is a scheme to compress the raw video data into two layers at the same spatial 

resolution, but different frame rates. The base layer is coded at a lower frame rate. In 

contrast, the enhancement layer compresses a video with a higher frame rate providing 

the missing frames. In the base layer only P-type prediction is used, while in the 

enhancement layer prediction can be either P-type or B-type from the base layer or P-type 

from the enhancement layer [29].

4.2 Transform Expand Sample (TES) Methodology

TES [ 10] [ 11 ] methodology is a versatile methodology for generating data that 

match closely (in terms of its marginal distribution and auto-correlation function) any set 

of given observation of time series, such as video traces. We derivate TES models in two 

phases. First, we generate a correlated sequence with uniform marginal in [0, 1] (also 

called background TES process):

n> 0

n= 0
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Where is a random variable uniformly distributed in [0,1]. {V” } is a sequence of iid 

random variables independent of , called the innovation sequence ( with probability

density ^ v ). The operator < > denotes the modulo-1 operation which for every real x is 

defined by

^x)=x-max{interger(«)«<x}

(4.2)

Both Un an j U„ can generate lag-1 autocorrelations in the range [0, 1] and [-1, 0] 

respectively. It can be shown [10] that the TES background sequence forms a stationary 

Markov process with a uniform in [0, 1] marginal distribution regardless of the

probability law of the innovation density ^ v . Since the < > operator causes 

discontinuities, a smoothing operation called the stitching transform is used to remove it. 

So in the first phase of the TES model development, the objective is to generate a time 

series of correlated random variables with uniform marginal in [0,1]. The amount of

correlation depends upon the structure of the density function of the innovation

sequence { } ,  which in general may be arbitrary. In the second phase, synthetic sample 

data (the foreground sequence), which resemble the real samples, can be derived from the 

background sequence using the inversion technique [ 10] [ 11 ]. This allows us to transform 

any uniform random variable to one with an arbitrary distribution. Assumed that a
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histogram H(.) of the empirical video sequence has been built consisting of J cells, where

the j* cell is positioned on the interval [ ̂  , r j ) and is characterized by a probability ^ j . 

Such a histogram can be inverted as follows:

7=1

W j

P r

(4.3)

where ^ A is the indicator function of the set A, Wj = r > - ̂  is the width of cell j ,  and

l<j<J,(Co = 0,C/ = 1)
/=1

(4.4)

The random variable v >n=l has a marginal distribution H(.) and autocorrelation

that depends upon the innovation density P .

The modeling process is carried out in two steps [11]: the first step captures the

autocorrelation of the input time series using innovation density function P  and 

applying a smoothing technique using the stitching transform [10]. This step generates 

the background sequence. The second step is to invert the background sequence using the 

empirical histogram, which always guarantees the matching of the marginal.

The task of finding a suitable P  that approximates the empirical autocorrelation is 

carried out via a heuristic search using TES tool [10]. The matching of the empirical
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histogram is guaranteed, while the matching of the autocorrelation is carried out in an 

interactive manner with visual feedback for the best-^ v.

4.3 Modeling and Simulation

Traces of MPEG-4 encoded film “STAR WARS IV” [30] are used to present our 

models and tools for video traffic generation. Due to the periodic nature of the 

autocorrelation function of the original trace, we first need to separate it into three traces, 

one for each frame type [11]. This kind of separation also facilitates the development of 

adaptive rate control function on our traffic generation tools, which we will introduce 

later. Having done that, we model each of the traces using a separate TES model. Fig. 4. 

illustrated the models of I frames.
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In Fig. 4, Window 1 (left upper window) shows the sample path of the frame sizes. 

Window 2 (left bottom window) shows the autocorrelation of the frame sizes. Window 3 

(right upper widow) shows the histogram of the distribution of the frame sizes. Window 4

(right bottom window) shows the innovation density f v that was described in Section 3.

To generate the MPEG-4 trace for simulation, we interleave generating samples 

from the three developed models (I, P and B models) to match the sequence of the 

original trace (IBBPBBPBBPBBI...)[11]. The final trace generated by interleaving can 

be compared to the original trace as shown in Fig. 5. Based on the developed models, we 

also develop adaptive rate control function on our traffic generation tools.
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Figure 5. Comparison Between the Original and the Generated Traces
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4.3.1 Variable Quantizer Rate Control

The output bit-rate of MPEG-4 encoder can be controlled by applying different 

quantization table during encoding. Such control, which could be used to respond to 

congestion conditions in the network, is highly desirable for network performance 

improvement. In order to study the effects of such a control scheme, a model of the 

variable quantizer rate controlled MPEG-4 encoder is required.

Fig 6. illustrates the difference when applying different quantization table on I 

frames of the film “STAR WARS IV”. Through observation, we noticed that the shape of 

the sample path is shifted, but preserved, while the autocorrelation is remain unchanged. 

The effect on the sample path of changing the quantization number is equivalent to 

multiplying the size of each frame by a scalar value. Which also have been shown in 

H.261 encoded VBR video [31]. This makes it possible to infer frame size for a wide 

range of quantization numbers from a single table model. The implication is that a model 

need only be developed for one of the possible quantization tables. Specifying a different 

quantization table to the encoder is simulated in the source model by applying a scalar 

multiple to each value generated. Based on this idea, our traffic generation tools simulate 

the variable quantizer rate controlled MPEG-4 encoder by using basic models and 

specific numbers of scalars.
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To demonstrate the usefulness of this approach, we developed a model of same 

sequence at quantization table 10 by applying a scaling factor to the previously developed 

I frame model encoded at quantization table 4. Comparison between the developed model 

and the original trace of I frame at quantization table 10 indicated good agreement, as 

illustrated in Fig 7.
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4.3.2 Variable Layer Rate Control

Multiple layers of streams are generated in MPEG-4 scalable video encoder to 

accommodate varying channel capacity in wireless applications. Base layer sub-stream 

can be independently decoded and provides coarse visual quality. Enhancement layer 

sub-streams can only be decoded together with the base layer sub-stream and provide 

better visual quality. The scalable video encoder can adjust its output bit rate by sending 

the base layer sub-stream only or the base layer sub-stream together with enhancement 

layer sub-streams, according to the feedback of network conditions. To simulate this kind 

of rate control, we model base layer sub-stream and enhancement layer sub-stream 

separately according to the TES methodology. When generating the MPEG-4 trace for
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simulation, the feedback of the network conditions is used to decide whether interleave or 

not the trace samples from enhancement layer sub-streams models.

Simulation of a type of temporal scalable encoding is introduced here as an 

example. In this considered temporal scalable encoding sample, type I and P frames 

constitute the base layer while the B frames constitute the enhancement layer [32]. We 

first develop three models each for one frame type. For example, we develop I frame 

model for all I frames. Then by control of combining B frame model samples, or not, 

during generation of simulated MPEG-4 traffic, we achieve the variable layer rate 

control.
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Chapter 5

5. New Scheduling Schemes for Resilient Packet Ring 
Networks

RPR has two kinds of ring architectures: Single Transit Buffer (STB), and Dual 

Transit Buffer (DTB) [1][2][3]. A high priority and a low priority transmit buffer exist at 

the client side of RPR. In the STB architecture, a single transit buffer mixes Low Priority 

(LP) and High Priority (HP) traffic from the transmit buffer into one traffic buffer on the 

ring. In the DTB architecture, two transit buffers exist for LP and HP traffic. STB has 

lower implementation complexity.

RPR uses Priority Queue (PQ) [5] as its scheduling scheme. The scheduler 

handles a specific queue on the basis that all the higher priority queues have been served 

and emptied. This approach ensures low delay for higher priority classes of traffic. 

However, it often leads to the starvation of lower priority queues. In the single transit 

buffer architecture, traffic on the ring, which is a mixture of HP and LP transit traffic, has 

higher priority over the transmit HP traffic. This could cause the LP traffic on the ring to 

block the transmit HP traffic from accessing the ring, which is not suitable for the Quality 

of service (QoS) requirements of HP traffic in terms of delay and delay jitter. For the 

DTB architecture, overwhelming HP traffic from upstream node, which is not subject to
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the fairness algorithm, can block downstream HP traffic from gaining access onto the 

ring.

To improve the quality of service for high priority traffic transmission, we 

propose a new RPR scheduling scheme. For the STB architecture, our scheme uses 

Deficit Round-Robin (DRR) algorithm which alternately selects packets from the single 

transit buffer and the high priority transmit buffer. For the DTB architecture, DRR 

algorithm was used to alternately select packets from the high priority transit buffer and 

the high priority transmit buffer. In both cases, if there is no packet in these two buffers, 

low priority transmit buffer is then served.

Since DRR only requires 0(1) work to process a packet, our scheme does not add 

extra complexity to the original architecture.

5.1 The proposed scheduling scheme for STB

In the single transit buffer architecture, a transit buffer combines mixed low priority 

and high priority traffic. The advantage of this configuration is that it simplifies the 

hardware implementation since it is less complex. However, since the traffic in the transit 

buffer has the highest priority, even the low priority transit-traffic is served before high 

priority transmit traffic. During congestion intervals, overwhelming low priority transit 

traffic can block the transmission of high priority traffic, waiting to gain access onto the 

ring and degrade the delay and delay jitter performance of packets in the high priority 

buffer.
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5.1.1 STB scheduling scheme

To optimize the video transmission performance of the RPR networks, we proposed 

a new scheduling scheme for the single transit buffer architecture. In our scheme, we 

substitute part of the original priority queue scheduling algorithm with deficit round- 

robin algorithm. We use deficit round-robin scheduling between the transit buffer and the 

transmit high priority buffer. The transmit low priority buffer is served by the scheduler 

only when there is no packet in both the transit buffer and transmit high priority buffer,. 

Fig. 8 shows the MAC architecture of our scheme. Using DRR can guarantee the regular 

access of the high priority transmit traffic to the ring and only requires 0(1) work to 

process a packet.

Transmit Buffers

c.

< T

Client
MAC

Leaky Bucket

Pass through Traffic

DRR
Scheduler

Priority
Scheduler—From Ring —y To Ring

>>

Transit Buffer

Figure 8.The Single Transit Buffer MAC Architecture of the Proposed Scheme.
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5.1.2 Simulations of the Proposed Scheduling Scheme for STB

We evaluate the performance of our proposed scheduling schemes in simulation 

platform OPNET. As a benchmark, we compare the performance of our proposed scheme 

with the traditional RPR scheduling scheme. We simulate a 10-node ring network in 

OPNET modeler. The network topology is the same as we demostrated in Fig. 1 (Chapter

1). RPR recommended fairness mechanism [1, 2] is used in our simulation. Packets are 

distributed to emulate real traffic profile, meaning 60% of the packets are 64 bytes, 20% 

are 512 bytes and 20% are 1518 bytes [33].

For our proposed scheduling scheme, the DRR weight assignment of transmit high 

priority flow is proportional to its guaranteed service rate. The remaining portion is 

assigned to the transit buffer. For example, we chose guaranteed high priority transmit 

traffic rate as 10M bits/s. Since the total link capacity is 100M bits/s, we assign weight 1 

to transmit high priority traffic buffer, and weight 9 to its transit buffer.

We designed two scenarios for the simulation study of RPR with single transit 

buffer. One is Hub scenario, in which traffic from other nodes is forwarded to a common 

node, the Hub. The other scenario is Mesh scenario, in which all nodes send to all nodes.

5.1.2.1 Hub Scenario

In our simulation, four nodes (6, 7, 8, 9) send packets on the outer ring to the 

terminal node 0, the Hub. Observations are made in the Hub. Table 1 shows the 

simulation parameters of the traffic. The generated traffic rate from each node is 33 Mega 

bits/s, that has 10 Mega bits/s high priority traffic and 23 Mega bits/s low priority traffic. 

This results in congestion at node 9.
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Table 1. Simulation Parameters of Hub Scenario

Parameters Value

Link Capacity 100 Mbit/s

Fairness Sample Period 100 ps

Transit Queues Size 1 Mega bits

Packet Sizes

60%: 64 byte 

20%: 512 byte 

20%: 1518 byte

Traffic Generated in Each Node
HP: 10 Mbits/s 

LP: 23 Mbits/s

If we use the original RPR scheduling scheme, the transit buffer will be emptied 

first. High priority transmit traffic of node 9 is always queued for serving; even its 

priority is lower than the low priority traffic from node 6, 7, 8. The delay jitter of node 9 

high priority transmit traffic depends on the congestion situation of the single transit 

buffer.

We compare the proposed scheduling scheme performance in terms of delay and 

delay jitter with the original RPR scheduling scheme. Fig. 9 and Fig. 10 show the end-to- 

end delay of high priority traffic which demonstrates an average decrease of 

approximatly one hundred times the congested node (Node 9). We also achieve better 

end-to-end delay for the overall high priority traffic using our proposed scheduling 

scheme.
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Figure 9. The Delay of HP Traffic using the Original RPR Scheduling Scheme (Hub
Scenario)
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Figure 10. The Delay of HP Traffic Using the Proposed RPR Scheduling Scheme
(Hub Scenario)
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The average delay of high priority traffic from the congested node (Node 9) in the 

proposed scheme always reaches its stable situation (with a maximum variation of 10%) 

in less than 0.1 second while it is above 0.25 second in the original RPR scheduling 

scheme. Regarding the high priority traffic from other nodes, the time to reach steady is 

the same for both schemes.

Fig. 11 and Fig. 12 show the delay jitter of the original system and the proposed one 

for the high priority traffic. We can see that in all the nodes the delay jitter reach to stable 

value much faster in our proposed scheme. The improvement is especially more clear for 

the node 9 (the congested node). Despite the congestion in node 9, the high priority 

traffic in it still has the chance to pass onto the ring.

By comparing the occupied buffer size of Node 9 using two different schemes, we 

determine that our proposed scheme needs more transit buffer size. In our simulation, the 

proposed scheduling scheme needs 25% of the 1 Megabits total transit buffer, while the 

original scheme occupied 1% of the total transit buffer. The reason is that in the original 

RPR scheduling, the transit buffer always has the highest priority and empties 

immediately. However in the proposed scheduling scheme, DRR algorithm serve the 

transit traffic and high priority transmit traffic alternatively.

We also observed that throughput of high priority traffic in both schemes was the 

same as the send out traffic.

5.1.2.2 Mesh Scenario

In Mesh (any-to-any) scenario, all 10 nodes in the ring send traffic along the outer 

ring in a counter clockwise direction. The destination of each packet is uniformly
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distributed among all the nodes. Observations are made in one node, node 0. Table 2 

shows the simulation parameters of the traffic. The generated traffic rate from each node 

is 20 Mega bits/s, containing 3 Mega bits/s high priority traffic and 17 Mega bits/s low 

priority traffic. This results in congestion at each node.

Table 2. Simulation Parameters of Mesh Scenario

Parameters Value

Link Capacity 100 Mbit/s

Fairness Sample Period 100 ps

Transit Queues Size 1 Mega bits

Packet Sizes

60%: 64 byte 

20%: 512 byte 

20%: 1518 byte

Traffic Generated in Each Node
HP: 3 Mbits/s 

LP: 17 Mbits/s

For Mesh scenario, we also compare the proposed scheduling scheme performance 

in terms of delay and delay jitter with the original RPR scheduling scheme. Fig. 13 and 

Fig. 14 show the end-to-end delay of high priority traffic. We observed a 10%-20%. 

decrease on end-to-end delay of high priority traffic.
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Fig. 15 and Fig. 16 show the delay jitter of the original system and the proposed one 

for the high priority traffic. We recorded delay jitter on average of 0.00025s for 

simulation using the original scheduling scheme and average of 0.0002s for our proposed 

scheme. There is approximately 25% decrease on delay jitter of high priority traffic by 

using our proposed scheduling scheme.

The throughput of high priority traffic in both schemes was the same as the send out 

high priority traffic.

5.2 The proposed scheduling scheme for DTB

In the dual transit buffer architecture, two transit buffers named low priority transit 

buffer and high priority transit buffer exist for low priority and high priority traffic. The 

ring traffic is either dropped if destined for that node, or placed in the high priority or low 

priority transit buffer, according to the traffic classification. The dual transit buffer allows 

high priority traffic to have the highest priority and is never blocked by low priority 

traffic passing through the node.

The scheduling algorithm in DTB scheme is as follows[l][2][4]:

1) Packets from the High Priority Transit Buffer.

2) Packets from the High Priority Transmit Buffer.

3) Packets from the Low Priority Transmit Buffer.

4) Packets from the Low Priority Transit Buffer.

In DTB architecture, packets in the high priority transmit buffer have lower priority 

compared to those in the high priority transit buffer. Thus it needs to wait for the high 

priority transit buffer to be emptied before it can be served. When there is overwhelming
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high priority transit traffic, the high priority transmit buffer will always wait to gain 

access to the ring. As we know, RPR fairness algorithm only works on the low priority 

traffic, so we have no effective way to control the passing high priority transit traffic. 

Under this situation, the high priority transmit traffic will suffer starvation. Since the 

traffic in high priority transmit buffer such as video and audio is delay sensitive and will 

be discarded when its delay beyond the time limit, the quality of service will be degraded 

in heavy high priority transit traffic situation.

5.2.2 DTB scheduling scheme

In order to improve the system performance, we proposed a new scheduling scheme 

for the dual transit buffer structure. In our scheme, deficit round-robin scheduling 

algorithm is used to alternately select packets between the high priority transit buffer and 

high priority transmit buffer. Only when there is no packet in both the high priority transit 

buffer and the high priority transmit buffer, will the low priority buffer be served by the 

scheduler according to the following order:

1) Packets from the Low Priority Transmit Buffer.

2) Packets from the Low Priority Transit Buffer.

Fig. 17 shows the dual transit buffer MAC architecture of our scheme. As the 

proposed scheme for single transit buffer, using DRR in DTB case also can guarantee the 

regularly access of the high priority transmit traffic to the ring and it only requires 0(1) 

work to process a packet.
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Figure 17 The Dual Transit Buffer MAC Architecture of the Proposed Scheme.

5.2.2 Simulation of the Proposed Scheduling Scheme for DTB

RPR with dual transit buffer gives priority first to the transit high priority buffer, 

and then the transmit high priority buffer. If there is no packet in both the high priority 

transit buffer and high priority transmit buffer, low priority traffic will then be served. 

Thus there is no possibility that low priority transit traffic block high priority transmit 

traffic accessing onto the ring. However, malicious high priority traffic from the upstream 

nodes which is not subject to fairness algorithm in RPR, can block the high priority 

transmit traffic from accessing the ring.

We created a scenario to simulate the overwhelming high priority transit traffic 

case. The scenario is as follows: All 4 nodes (6,7,8,9) send packets to one terminal node 

10, the Hub. Observations are made in the Hub. Table 3 demonstrates the simulation 

parameters. The generated high priority traffic from node 6,7,8 is 33 Mega bits/s.
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Together with the 10 Mega bits/s high priority traffic form node 9, this results in 

congestion at node 9.

Table 3. Simulation Parameters of DTB

Parameters Value

Link Capacity 100 Mbit/s

Fairness Sample Period 100 ps

Transit Queues Size 1 Mega bits

Packet Sizes

60%: 64 byte 

20%: 512 byte 

20%: 1518 byte

Traffic Generated in Node 6,7,8
HP: 33 Mbits/s 

LP: 10 Mbits/s

Traffic Generated in Node 9 

(congested node)

HP: 10 Mbits/s 

LP: 10 Mbits/s

If we use the original RPR scheduling scheme, the high priority transit buffer will 

be emptied first. High priority transmit traffic of node 9 is always queued for serving. In 

the simulation, total high priority transit traffic from upstream nodes is 99 Mega bits/s. 

Therefore only 1 Mega bits/s of high priority traffic originated from node 9 can pass to 

the ring (Fig. 18). Since high priority traffic is not subject to the fairness algorithm, it is 

not possible to reduce the high priority traffic from the upstream nodes. This will cause 

the delay sensitive traffic, such as video in high priority transmit buffer, to go over its 

time limit.
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For our proposed scheduling scheme, we assign DRR weight of transmit high 

priority flow proportional to its guaranteed service rate. In this simulation, we chose 

guaranteed high priority transmits traffic rate as 10M bits/s. Since the total link capacity 

is 100M bits/s, we assigned weight 1 to transmit high priority traffic buffer, and weight 9 

to its transit buffer. From Fig. 18, we observed that 10 Mega bits/s high priority traffic 

from node 9 is guaranteed to pass to the ring.
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Figure 18 Comparison of Congested Node (node 9) High Priority Transmit Buffer 
Throughput by Using Different Scheduling Schemes
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Chapter 6

6. Evaluation of MPEG-4 Transmission over the new 

Scheduling Scheme

Robust transmission of video is a dominant requirement of future application over 

RPR. In this chapter, we study the performance of delivering MPEG-4 video streams 

over RPR.

MPEG-4 [34] is the emerging standard for audio and video compression. Being 

capable of exploiting both spatial and temporal redundancies, it achieves high 

compression ratio and can encode a video or audio source to almost any level of quality. 

It distinguishes between three frame types, namely I-, P-, and B-frames. Frames are 

arranged in Group of Pictures (GOP). A GOP consists of exactly one I-frame and some 

related P-frames and optionally some B-frames between these I- and P-frames. In MPEG- 

4, 1-frames contain by far the most information. Furthermore, loosing an I-frame would 

cause distortion of all following frames in a GOP. A P-frame loss would only influence 

the B-frames and the loss of a B-frame would not influence any other frame.

We use the same Hub scenario and parameters as the one we mentioned in section 

5.1.2.1. Four nodes (6, 7, 8, 9) send packets on the outer ring to the terminal node 0, the 

Hub. Observations are made in the Hub. In addition to the traffic mentioned in Table 1 

for each node, at node 9 we add an extra MPEG-4 stream traffic source which is also
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destined to the Hub. This MPEG-4 stream traffic can be either simulated MPEG-4 stream 

using TES model we mentioned in Chapter 4 or real MPEG-4 stream. By adding MPEG- 

4 source at node 9, we can study the transmission performance of MPEG-4 stream at the 

congested node.

6.1 Delay and Delay Jitter Evaluation

We use two different video sources. “News” with average motion and “Akiyo” with 

small motion are encoded at 384 Kbps [35]. Both videos are in Common Intermediate 

Format (CIF), which means they are 352x288 pixel and 30 frames per second. They are 

encoded according to MPEG-4 with a fixed 12-GOP with two consecutive B-frames 

(IBBPBBPBBPBB). The UDP protocol is used to segment and packet the MPEG-4 

frames. If a frame is larger than 1 k bytes, it is segmented to smaller packets before 

transmission.

We compared the proposed scheduling scheme performance in terms of delay and 

delay jitter with the original RPR scheduling scheme. Fig. 19, Fig. 20 and Fig. 21 show 

the end-to-end delay of I, P and B frames of video sequence “News” for original RPR 

scheduling scheme and the proposed scheme.
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Figure21. Comparison of End-to End Delay of B frames of Video “News” by Using
Different Scheduling Schemes

We repeated the same simulation on transmitting low motion video “Akiyo”. Fig. 

22, Fig. 23 and Fig. 24 show the comparison of end-to-end delay of I, P and B frames of 

video sequence “Akiyo” respectively by using original RPR scheduling scheme and the 

proposed scheme.
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Figure 22. Comparison of End-to End Delay of I frames of Video “Akiyo” by Using
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Figure 23. Comparison of End-to End Delay of P frames of Video “Akiyo” by Using
Different Scheduling Schemes
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Figure 24. Comparison of End-to End Delay of B frames of Video “Akiyo” by Using
Different Scheduling Schemes

For both videos, we observed better end-to-end delay performance by using our 

proposed scheme. Table 4. shows the average end-to-end delay comparison of two 

scheduling schemes. From Table 4, we can see that the average delay of I frames by 

using original RPR scheduling scheme is almost 212 msec, a large delay in real time 

applications such as teleconferencing [36]. Using our proposed scheme, the delay for all 

types of frames is reduced approximately 10 times. The result is more obvious for I 

frames because I frames are larger in size and are segmented to more UDP packets than 

other frames.

-  P roposed  Scheduling S ch em e
-  Original RPR Scheduling S ch em e
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Table 4. Average End-to-End Delay Comparison

Video

Sequence

Average End-to-End 

Delay (msec)

Original Scheme Proposed Scheme

News

I 212 22

P 29 3

B 24 2

Akiyo

I 230 24

P 30 3

B 22 2

Fig. 25 shows the delay jitter comparison of I, P, B frames of average motion video 

“News”. Fig 26 shows the same comparison but based on the video “Akiyo”. Based on 

our proposed scheme, the delay jitter of video transmission outperforms the original 

scheme for both videos.
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We observed the occupied high priority transmit buffer size at node 9 using two 

different schemes. Our proposed scheme requires approximately 2% of the total transmit 

buffer size, much less than the original RPR scheduling scheme (Fig 27). The original 

scheme occupied 20 % of the total high priority transmit buffer. This is the reason why 

our proposed scheme achieves better delay and delay jitter performance for video and 

other high priority traffic at the congested node. By using the original RPR scheduling 

scheme, high priority transmit traffic includes video traffic is always blocked by the 

overwhelming transit traffic at the congested node. However, using our proposed 

scheduling scheme, high priority transmit traffic can access the ring regularly according 

to its weight assignment, resulting in only minor traffic waiting in the buffer.
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Figure 27 Comparison of Occupied High Priority Transmit Buffer Size of Node 9
(Congested Node) in Two Schemes
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We also show the comparison of occupied transit buffer o f Node 9 (the congested 

node) using two different schemes in Fig.28. We observed that our proposed scheme 

needs more transit buffer size. In our simulation, the proposed scheduling scheme needs 

20% of the total transit buffer, while the original scheme occupied 1 % of the total transit 

buffer. The reason is that in the original RPR scheduling, the transit buffer always has 

the highest priority and empties immediately. However, in the proposed scheduling 

scheme, DRR algorithm serve the transit traffic and high priority transmit traffic 

alternatively. When packets in the high priority transmit are served by scheduler, packets 

in the transit buffer accumulate. Since there is a fairness control mechanism in RPR, we 

do not need to worry that traffic in transit buffer will surpass the buffer size limit.

Transit Buffer O c c u p a n c y  of N ode 9
3 .5

2 .5

N

0 .5

Time (s)

Figure 28 Comparison of Occupied Transit Buffer Size of Node 9 (Congested Node)
in Two Schemes
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Packets accumulating at the transit buffer are both high priority packets and low 

priority packets from the upstream nodes. Will this degrade the end to end delay 

performance of high priority traffic from all nodes? We answer this question by 

representing, in Fig. 29, the end to end delay of high priority traffic from all nodes By 

using our proposed schemes, we observe a decrease of 2 times of end to end delay of total 

high priority traffic from all the nodes.

0.014

0.012

End to End Delay of High Priority Traffic from All N o d e s

0.01
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JO,

_cc
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!!;
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Time (s)
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Figure 29 Comparison End to End Delay of High Priority Traffic from all Nodes
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6.2 Evaluation using PSNR

The subjective quality measures and objective quality measures of real video 

streams is important because the impression of the user is the ultimate concern [36]. 

Subjective methods measure the impression of the user watching the video. The human 

quality impression is given on a scale from 5 (best) to 1 (worst) as in Table 5. This scale 

is called Mean Opinion Score (MOS). Such subjective methods are described in detail by 

ITU [37][38], ANSI[39][40] and MPEG[41]. Subjective quality measurement methods 

are extremely costly: high time consuming, high manpower requirements and special 

equipments needed.

Table 5. ITU-R Quality and Impairment Scale

Scale Quality Impairment

5 Excellent Imperceptible

4 Good Perceptible, but not annoying

3 Fair Slightly annoying

2 Poor Annoying

1 Bad Very annoying

As subjective methods can often be unaffordable, objective metrics have been 

developed to emulate the quality impression of the human visual system (HVS) to reduce 

cost and complexity. In [42] there is a discussion of various objective metrics and their 

performance compared to subjective tests. The most widespread method is the calculation 

of peak signal to noise ratio (PSNR) image by image. The PSNR [43] compares the
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maximum possible signal energy to the noise energy, which has shown to result in a 

higher correlation with the subjective quality perception.

To use objective measures in our studies, we adapt EvalVid [36][ 44 ] to our 

simulation platform and calculate PSNR of received video streams at node 0. Evalvid is a 

toolkit used for the assessment of the video transmission quality. In the evaluation 

procedure, first the compressed video file is fragmented and transmitted via UDP packets 

over a real or a simulated network. In order to measure delay, delay jitter, frame loss and 

frame-by-frame PSNR, the time-stamp and type of each packet transmitted and received 

are recorded in the sender trace file and receiver trace file. Based on the sender trace file, 

the receiver trace file and the original encoded video file, EvalVid generates a delay jitter 

and frame loss report. It also generates a reconstructed erroneous video file, which is 

subsequently decoded into raw YUV video frames. In the reconstructed erroneous video 

file, any frame lost during transmission is replaced by the last successfully decoded 

frame. Finally, the original raw YUV and the reconstructed YUV video frames are used 

to calculate the frame-by-frame PSNR. The PSNR values obtained from different settings 

can be used to compare the performance of the different network designs.

Play-out buffer is used at the receiver to reduce frame jitter. The play-out buffer 

size for video is limited by the perceptual tolerance of the person waiting to view the 

video. In interactive applications, this limit is about 200ms [45][46]. For non interactive 

applications, there is no standard approach that has been agreed upon regarding the play- 

out buffer size [47]. In our simulation, we set the play-out buffer size to 200ms according 

to interactivity requirement. We consider a frame as lost if its cumulative inter-frame

- 6 5 -

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



jitter[48] is beyond the buffer size. This frame will be replaced by the last successfully 

decoded frame in EvalVid evaluation.

We used two different video conference format sources, “News” and “Akiyo” [49]. 

Both videos are in Quarter Common Intermediate Format (QCEF), 176x144 pixel and 30 

frames per second. The UDP protocol is used to segment and packet the MPEG-4 frames. 

A frame is segmented to smaller packets before transmission if it is larger than 1 k bytes.

Fig.30 and 31 show the PSNR comparison of the received video streams. From our 

observation, the quality of video delivered based on our proposed scheme outperforms 

the original scheme.
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Figure 30 Comparison of PSNR of Video “Akiyo” by Using Different Scheduling 
Schemes
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Chapter 7

7. Conclusions and Future Research

7.1 Conclusions

We propose new scheduling schemes for RPR networks for both single transit 

buffer architecture and dual transit buffer architecture. Using our schemes, traffic in high 

priority transmit buffers can regularly access the ring according to its round robin weight 

assignment. This way, the QoS of traffic transmission on the congested node can be 

significantly improved. Real time video traffic can benefit from such schemes.

Our schemes use the Deficit Round-Robin (DRR) algorithm [7] to substitute part of 

the recommended priority queue scheduling scheme.

In the single transit buffer architecture, deficit round-robin scheduler alternately 

serves the transit buffer and the transmit high priority buffer. Only when there is no 

packet in both the transit buffer and transmit high priority buffer, is the transmit low 

priority buffer served.

In the dual transit buffer structure, deficit round-robin scheduling algorithm is used 

to alternately select packets between the high priority transit buffer and high priority 

transmit buffer. When there is no packet in both the high priority transit buffer and high 

priority transmit buffer, the low priority buffer is then served by the scheduler.
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Since DRR algorithm only requires 0(1) complexity, our scheme does not add extra 

complexity to the original architecture.

We have simulated streaming of MPEG-4 encoded bit-stream from the congested 

node in an RPR network with single transit buffer in Hub scenario. We investigated the 

system performance in terms of end-to-end delay and delay jitter of video frames for the 

original RPR scheduling scheme and that of our proposed scheme. The proposed scheme 

shows much lower end-to-end delay and lower jitter delay for all types of I, P and B 

frames of video sequences. The improvement was more significant for I frames, the key 

frames for video reconstruction at the receiver. In practice, we have limited play-out 

buffer for video at the receiver. Therefore, we need to discard video frames with delays 

higher than a fixed threshold. Lower delay and delay jitter of frames will result in lower 

delays in playing video and smaller play-out buffer requirement. We also use PSNR to 

objectively measure the video quality after transmission by using different scheduling 

schemes. By using our proposed scheme, we observe better PSNR average and variance, 

due to less delay and jitter.

For dual transit buffer architecture, our scheme can ensure the video in high priority 

transmit buffer transmit at guaranteed bit rates. Thus malicious high priority traffic from 

the upstream nodes, not subject to a fairness algorithm in RPR, will not block the high 

priority transmit traffic from accessing the ring.
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7.2 Future Research

We can further exploit MPEG-4 scalable video coding techniques in video 

transmission on RPR. As we know, MPEG-4 has scalable video coding mechanism to 

provide the varying coding bit rate for the varying channel capacity.

Since RPR use fairness messages to inform the upstream nodes about the network 

congestion, we can use this message as feedback to the MPEG-4 video source. Therefore, 

whenever the network experiences sever congestion, MPEG-4 video encoder can use 

scalable video coding techniques to reduce the output bit rates according to feedback 

suppress messages. If the MPEG-4 encoder hasn’t received any suppress message for a 

certain time, it can gradually improve its bit rates.

By exploiting the scalable video coding techniques in MPEG-4 encoder, we can 

reduce the source traffic during network congestion period. This is a better solution than 

simply discarding packets during transmission.
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