OPTIMAL WORKING POINT ANALYSIS FOR THE

HETEROGENEOUS PACKET NETWORKS

JULIJE OZEGOVIC

FESB Split, tel. 021 305725, fax. 563877

Julije.Ozegovic@fesb.hr

Abstract: Congestion control, consisting of congestion avoidance and elimination, is of special

interest in high speed - high delay packet networks. The flowcontrol mechanisms are used as

main congestion control technique. The network is considered a black box, and modeled with

G/G/1 queuing system. Numeric results are obtained for a range of arrival and service

variances. The optimal network working point strategy is proposed.

KEYWORDS: flow control, congestion control, G/G/1, ATM, Internet

1. INTRODUCTION

The evolution oftelecommunications has advanced in two directions, through the

telephone and data networks growth. Nowadays, telephone (voice transfer) network

is implemented as a fixed capacity (64 kb/s) channel switching system, spreading

worldwide as a public switched telephone network (PSTN). Data networks use the

packet switching techniques to achieve statistical multiplexing ofthe user data,

where Internet is the most grown up public network carrying the same amount of

bits per month as worldwide PSTN does.

Two types oftraffic, voice and data, have in some way been integrated fromthe

very beginning ofthe telecommunications era. In the period ofanalogue technology,

frequency multiplexing has been used to embed multiple telegraph channels in the

telephone one, or to use the residual capacity ofthe physical channel. PSTN is used

for modemdata transfer, acting as the access network or providing extra channels

for the data network nodes interconnections. Digital technology offers more choices,

however data networks at present dominantly use leased channels fromthe

telephone network.

We can define four levels ofintegration. On the primary channel level some

physical channels are used for the data transfer. On the secondary channel level

secondary channels realized using the frequency (FDM) or time (TDM) domain

multiplexing are used for data transfer, so data and telephone networks use the same

physical channel simultaneously. On the ISDN specification level the user access

network integration is achieved through the 2B+D specification, while the further

information flows take separate secondary channels. On the B-ISDN specification

level using the small fixed length packet (cell) switching, the full integration of

various information types transfer is achieved. The current trend is to achieve higher

level ofintegration. This process is slowed down because ofthe existing differences

between the packet and telephone networks.

The telephone network is characterized with channel switching, where primary

channels are manifold used through the fixed channel multiplexing (PCM). Once the

switched channel is established, the propagation delay is equal to the sumofdelays

on the individual segments, and is mainly dependent on the geographical distance

between nodes. The quality ofservice (QoS) is described in terms ofsignal to noise

ratio, and user is provided with the constant 64kb/s capacity ofthe switched

channel.

The data networks use packet switching as the basic mechanismofstatistical

multiplexing ofthe user data flows. The delay is mainly dependent on queuing

delays in the network nodes, with the addition ofpropagation delays. The QoS is

expressed in terms ofdelay and bit error rate (BER). User is provided with variable

capacity dependent on his own as well as the needs ofother users, meaning

dependent on the network load.

The architecture ofthe modern packet switching data networks is realized as the

hierarchical layered structure based on the concepts ofprotocols, interfaces and

headers. The ISO-OSI specification is often used as the reference hierarchical

network architecture consisting of seven layers.

The process(n), running on the layer(n) provides the service to the higher layer(n+1)

using the services ofthe lower layer(n-1). Real data flow is carried through the

interfaces ofthe adjacent layers, and finally through the communications channel to

the remote computer. Seemingly, process(n) communicates directly to the

corresponding process(n) in the remote computer using the protocol(n) rules.

The basic protocol mechanisms are addressing, synchronization, flow control and

error control. The supervisory information for these mechanisms is contained in

headers. Process(n) generates protocol(n) data unit (PDU) adding its own header(n)

to the service(n) data unit (SDU). PDU(n) is sent through the interface(n-1) to the

lower layer as the SDU(n-1). In the reverse direction, process(n) discards the

header(n) fromthe PDUs received, thus forming the SDU(n), and forwards it to the

higher layer through the interface(n). For the process(n+1), SDU(n) serves as

PDU(n+1).

The primary role ofaddressing mechanismis the SDU user identification, which can

be data terminal connected to the network, or the user process in that terminal. In

more sophisticated structures, the protocol identification is needed. Addressing can

be realized strictly, when higher layer address implies real addresses ofall ofthe

lower layers. This kind ofaddressing contributes to the layer functions separation.

Addressing can be distributed, when total address is combination ofseparate layer

addresses. This approach requires more connections between layers, but provides

for easier address management and usage ofwell known addresses for some

network services.

The synchronization mechanismis related to the PDU separation fromthe data bits

streamas well as to the synchronous operation ofthe communicating processes of the same layer. Process(n) achieves its function through the assumed knowledge of

the corresponding process state. The only information about process running on the

remote computer is gained fromthe PDUs received. The process(n) algorithms

should provide data transfer in the case oflost PDUs and incorrect assumptions

about remote process state.

The error control mechanism makes the data flow restitution possible after the PDU

is lost, mainly using the retransmission ofthe lost PDU. The flow control

mechanismcontrols the PDUs sending rate not to exceed the capabilities ofthe

corresponding receiver and network. The two mechanisms are connected tightly,

because the main reason for PDU losses in modern networks is the network

congestion. PDU losses due to communications errors are very rare. The PDU loss

is often taken into account as the indication of the network congestion.

The retransmission procedure requires the lost PDU identification, which is

achieved by PDU modulo m(cyclical) numbering. Concerning uniqueness ofthe

numbering scheme, only mPDUs can be sent to the network simultaneously. This

limits the number ofPDUs, that transmitter is allowed to send to the network before

any acknowledge is noticed fromthe receiver, to m. Constant mis called a window.

Window can be determined explicitly, to express the ability ofthe receiver to accept

some quantity ofPDUs. Modern protocols use window mechanismfor flow control

as the congestion avoidance measure.

PDU numeration requires initial numbering synchronization and its consistent usage.

Numbering synchronization is performed at the beginning ofthe data transfer, when

a connection is established. This is called a logical channel establishment.

Concerning error and flow control mechanisms, connection oriented and

connectionless protocols are distinguished. Connectionless protocols lack error and

(often) flow control mechanisms, so PDU numbering is not implemented. Logical

channel is not needed. Processes using such protocols provide to the higher layers

the PDU transfer service without QoS guarantees. On the contrary, connection

oriented protocols use error control and (often) flow control mechanisms,

establishing thus logical channels and providing QoS guarantees. After data transfer

is finished, the logical channel is cleared. The important issue ofthe particular

network architecture is the choice ofthe connection oriented and connectionless

protocols disposal.

The example ofthe working network architecture is the Internet model, Figure 1.1.

Network layer ofthe Internet model is fully comparable to the same layer ofthe

ISO-OSI model. Internet transport layer combines the ISO-OSI transport and

session layers. The application layer ofthe Internet performs functions ofthe ISO-

OSI application and presentation layers (and some functions ofthe session layer).

The most important difference is in the lower layers. While ISO-OSI model assumes

strict standardization ofthe data and physical layer, Internet specification allows the

usage ofany network resource available. Under the network access layer, the

complex networks with network and higher layers oftheir own can be found (X.25 or frame-relay). The most commonly used Internet protocols are listed in Figure 1.1.

The Internet terminals (called hosts) obtain the functions ofall layers, while Internet

nodes (called routers or gateways) realize only functions ofthe network and lower

layers.

Figure 1.1 - Internet network architecture and related protocols

Another working architecture is the ATM network one, Figure 1.2. The

homogeneous ATM network is based on the concept ofvirtual circuits (VC), which

are used to transfer user information regarding the service type and QoS negotiated.

Figure 1.2 - ATM network architecture

Network nodes (ATM switches) fulfill only tasks ofthe ATM and physical layer.

The ATM network provides the service ofcell (48+5 octets) transfer and switching

through the network. That is equivalent to the data layer ofthe ISO-OSI

architecture. Terminals performfunctions ofall layers, where the ATM adaptation

layer (AAL) provides interface between user data (PDU) and ATM network (cells).

Traffic management is performed in all types oftelecommunications networks. Its

goal is to achieve the optimal network utilization and QoS. Traffic management is

accomplished through the procedures ofaccess control, traffic routing and

congestion control.

Customer access control (CAC) procedures verify the ability ofthe network to

provide the QoS requested. Ifnot, connection request is canceled. It is assumed that

the user is going to inquire the same service later, when needed resources would

eventually be free.

Traffic routing is performed in all networks as the main mechanismto obtain

reachability between users. In packet networks, it can be done through individual

packet routing (Internet), or using virtual channels (X.25, ATM) where all packets

belonging to the same data flow (connection) pass across the same, on the beginning

established path. Using alternate routing is the basic method ofcongestion

avoidance in circuit switching networks. In packet networks, alternate routing is

only an auxiliary method ofcongestion avoidance. Alternative routes are longer, and

congestion is spread to previously unaffected parts ofthe network. It is

recommended to use other methods for congestion control in packet networks.

Congestion control in packet networks includes congestion avoidance and

congestion elimination procedures. Avoidance measures are performed when

congestion have not been achieved yet, while elimination measures take place after

the congestion has occurred because of any possible reason.

2. CONGESTION CONTROL AND FLOW CONTROL

Congestion control is a key element ofthe network architecture. It provides optimal

network utilization, while assuring declared quality ofservice (QoS). Congestion is

defined as a situation when in the time interval ofobservation the offered traffic is

greater then the transfer capacity ofthe network. When congestion occurs, some

data are lost and QoS declines. Congestion control is accomplished through

congestion avoidance and congestion elimination [6].

Congestion avoidance is a set ofactions designed to keep the network at optimal

working point, one that satisfies network utilization and QoS criteria. Congestion

elimination is another, possibly overlapping set ofactions, intended to take the

network out ofcongestion, once it had happened because ofany possible reason. In

packet networks, flow control is one ofthe most important congestion avoidance

mechanisms.

2.1. CONGESTION CONTROL

Congestion avoidance and elimination measures are accomplished in multiple time

scales and on all levels ofhierarchical network architectures. They are applicable to

networks with various switching techniques. In this article we are concerned with

congestion control in packet switching networks, including ATM and heterogeneous

networks.

2.1.1. Congestion Types by Time Scale

The congestion definition above lacks the precise declaration ofthe observation

period. Regarding its length we can observe permanent, periodic, temporary and

momentary congestion.

Permanent congestion is the result ofthe increased user demands along with the

late investments in resource development. It can be eliminated by resource leasing

and avoided by on-time resource planning and building.

Periodic congestion is induced by the life and working dynamics ofusers, who

tend to demand the service simultaneously. This type ofcongestion can be

eliminated through the usage ofother networks resources, or resources fromother

time zones. It can be avoided establishing CAC, stimulating users to change their

behavior by tariff policy, and by traffic routing.

Temporary congestion is in the time scale ofseconds and minutes, and its duration

is often declared as several (more than one) round trip times (RTT). It happens as

the result ofstochastic character ofthe connection setup and clearing process. It can

be avoided with flow control mechanisms, and eliminated by packet discarding.

M omentary congestion , lasting less then few hundred milliseconds, is shorter than

RTT. It is the result ofuneven source traffic intensity and possible delay ofthe flow

control. Momentary congestion can be avoided by source traffic shaping, and

eliminated by providing sufficient buffer capacity at routers.

2.1.2. Congestion Control by Hierarchy Layers

Congestion control algorithms can be systematized by network hierarchy layers,

since they are implemented as parts ofprotocol mechanisms. Protocols can be

connection oriented or connectionless. Connection oriented protocols implement

error control mechanisms with Protocol Data Unit (PDU) enumeration and

retransmission. Those mechanisms need initialization and synchronization, which

are often referred to as logical channel establishment and maintenance.

Connectionless protocols lack error control (limited to rejection ofdamaged PDUs),

so there is no need for logical channel establishment.

On the physical layer , the only possibility is to switch the transmitter on and off for

all data flows simultaneously. This is done under the control of data link layer.

On the data link layer , congestion control is performed on physical or logical

channel between two nodes. Delay on this straight connection is low (except for

satellite channels), and direct flow control can be implemented. Transmission is

switched on or off. The receiving node simply signals that memory buffers are filled

above the limit, asking for temporary cessation ofthe transmission. Packet buffering

now occurs at the transmitting nodes and congestion spreads fast all over the

network. Finally, the whole network is congested, even those parts that were not

affected by initial congestion. Data link layer congestion should be avoided.

The network layer is used to establish data flows through the network, with

connection oriented or connectionless protocols. Routing and admission control are

performed here, including eventually flow control. Nodes are equipped with

servicing algorithms which can ensure fair resource allocation and efficient

operation. With virtual channel routing (X.25, ATM), flow control can be

implemented easily because the nodes have all information about the data flows.

With individual packet routing, data flows should be estimated first, counting with

the possibility that a significant number ofpackets take different trajectories. In both cases, it is essential to informthe sources to decrease transmission rate for indicated

data flows. That can be done with traffic shaping on the network layer, or indicating

congestion to transport processes.

On the transport layer , connections between sources and destinations are realized.

User data prepared to be transmitted are already stored in the source buffers. The

natural solution is to implement the flow control in this layer. The basic rule is to

send as many packets as optimal for congestion avoidance, but no more than the

advertised capacity ofthe receiver’s buffer. The sender should receive explicit or

implicit information about the congestion or allowed transmission rate fromthe

network layer.

The congestion control ofa particular network architecture is closely related with

the disposal ofconnectionless and connection oriented protocols. Although it is not

imperative, flow control is mainly realized in connection oriented protocols. Some

network architectures favor connection oriented protocols (X.25), specifying flow

control mechanisms fromthe data layer up. Other prefer connectionless protocols

(Internet), where flow control is obtained in the lowest connection oriented protocol

(mainly on the transport layer within transport control protocol, TCP).

2.1.3. QoS and congestion control

In the channel switching networks, user utilizes the whole channel capacity, and the

QoS is guaranteed in terms ofchannel bandwidth and signal to noise ratio. For

digital channels, BER and bandwidth (bit rate) are declared.

In connectionless packet networks (Internet), the service is provided at the best

effort policy, without any guarantees on errors, data rate and delay. Packets are

routed according to the channel weights, excess packets are discarded, and users are

obliged to supervise their own data integrity (TCP on transport layer). Internet is

efficient for data transfer, but not appropriate for integration ofthe real time traffic

(voice and video).

In connection oriented packet networks with virtual channel routing (X.25, ATM)

error control and flow control are easily achieved. Network guarantees QoS, but

regarding the finite possibility ofdata losses, users still need to supervise the data

integrity.

ATM networks will be realized with integration ofvarious traffic types as the main

goal. Each traffic type requires specific QoS guarantees, which should be kept in

spite ofpossible misbehaving users sending more than negotiated amount ofdata.

ATM networks will provide services for non compressed voice and video (constant

bit rate, CBR), compressed voice and video (real time variable bit rate, rt-VBR),

data (nrt-VBR), residual capacity for data transfers with QoS guarantees (available

bit rate, ABR) and residual capacity without QoS guarantees (unspecified bit rate,

UBR). Table 2.1. lists the negotiated parameters for services provided:

negotiatedparameter CBR rt-VBR nrt-VBR UBR ABR

PCR, CDVT YES YES YES

SCR,MBS,CDVT NO YES NO

MCR NO NO YES

CDV pp YES YES NO NO NO

CTD mean

NO NO YES NO

CTD max YES YES NO NO

CLR YES NO YES

feedback NO NO YES

Table 2.1. - Negotiated QoS parameters for ATM services

where we have:

· PCR (Peak Cell Rate)

· SCR (Sustained Cell Rate)

· MCR (Minimal Cell Rate)

CDVT ( CellDelayVariationTolerance )

· MBS (Maximum Burst Size)

· CDV (Cell Delay Variation)

· CTD (Cell Transfer Delay)

CLR (Cell Loss Ratio)

CBR users negotiate PCR, which serves as SCR, CDV, CDVT, CTD CLR and

CLR. The delay variance is essential because ofthe playback process in the

receiver. Late cells are useless and can be discarded in the network. Some cell

losses are allowable without significant QoS degradation.

VBR users negotiate PCR and SCR in combination with MBS, CDVT and CLR.

Real time users declare CDV and CTD max , while non real time users negotiate

CTD mean

. With real time users, QoS policy is somewhat similar to CBR, while non

real time users negotiate less CLR and more CDV.

ABR virtual channels provide data transfer service that uses residual network

capacity with some QoS guarantees. PCR, MCR and CDVT are negotiated along

with CLR. Closed flow control feedback loop is used to signal the users about the

actual cell rate available.

UBR service provides residual network capacity without any QoS guarantee. PCR

and CDVT are negotiated. Network simply discards excess cells to eliminate

congestion and inform the users to slow down transmission rates.

All services negotiations include CDVT, the parameter that is used to judge the

conformance ofevery individual cell approaching the network. Non conforming

cells are marked low priority or discarded at the entry node. After that, network

guarantees QoS to CBR and VBR users by resource reservation during CAC. Flow

control is fulfilled with open loop (no feedback).

With ABR service, mean cell rate is dynamically changed, and consequently is the

conformance testing. SCR is signaled to the users. After that, network guarantees

QoS. Flow control is fulfilled with closed loop (with feedback). UBR service is

provided without QoS, with control loop opened and with cell loss indication ofthe

congestion.

2.2. FLOW CONTROL

The flow control, as basic measure for the temporary congestion avoidance, is the

most important congestion control mechanismin packet switching networks. Flow

control algorithms are accomplished in real time to keep the network at the optimal

working point by means of ruling the transmitters packet sending rate.

2.2.1. Optimal Network Working Point

The optimal network working point can be defined as the state vector ofall network

elements, needed to achieve the optimal relationship between network utilization

and QoS. The network element state can be interpreted as number ofpackets in the

output channel queues. Some common interest between network and user can be

established considering minimal delay as main QoS parameter, while fast service

makes network resources free for future demands.

Packets are stored in the output queues in the case oftheir arrivals being faster than

the service rate. When node buffer is overflowed, packets are dropped. This

initializes retransmission with double waste: the network capacity used for the

dropped packet is lost, and QoS is degraded for the retransmission time. Packet

losses by congestion should be avoided by all means. QoS needs empty queues,

while network utilization requests some optimal number ofpackets in queues. The

queuing theory gives answers about direction in which the solution is to be found.

2.2.2. Fairness

The optimal working point ofthe network should be achieved in such a manner that

all ofthe users acquire equal part ofthe network capacity, weighted by the fraction

ofthe capacity requested. This is not a trivial issue, since data flows take different

paths through the network. The most common approach is the fair partitioning ofthe

bottleneck link capacity, which leads to the min-max algorithm[9]. Fairness is

judged by various criteria functions, such as the one in [5]:

( )

F

A A

n A A i i i n

i i i n

= æ

è ç ö

ø

÷

=

= å

å

*

*

1

2

2

1

2-1

where A i is the achieved and A i

* is the ideal portion ofthe network capacity

belonging to the data flow observed. Ifthe ideal fairness is accomplished, the value

of function 2-1 is 1. When all the capacity belongs to only one customer, the value

of 2-1 is 1/n (0 for the infinite number of customers).

2.2.3. Network Elements Functions

The network elements, nodes and terminals, performdifferent roles to accomplish

the flow control functions of the network.

Nodes forward packets frominput channels to output ones, storing themin the

meantime in output queues. Packets fromthe queues are sent to channels according

to the service algorithm, which provides accepted QoS. Data flows should be

separated to protect responsive users from misbehaving ones. We distinguish

services without specific algorithm(FIFO, first in first out), with stochastic and with

deterministic algorithms.

· With FIFO algorithm, a node forwards customer packets in the order ofarrivals,

discarding the most recent packet when buffer overflows (drop-tail).

· Stochastic algorithms are used to discard packets at random, based on the

assumption that more aggressive user should send more packets to the queue and

thus have higher probability ofrandompacket loss. One such algorithmis RED

(RandomEarly Detection) algorithm[3], characterized with good performance in

the heavy congested network when the numbers ofpackets in the queues are

high.

· Deterministic algorithms take care about all data flows and make decisions about

the individual packet services. One ofthe deterministic algorithms is FQ (Fair

Queuing) algorithm[7,12], which tries to simulate the fixed multiplexing at the

octet level. It requests significant amount ofthe processor power to process

individual packets.

The data flow is any flow ofPDUs recognized by node as a single unity, and the

flow control functions are applied to it. Here we can observe the procedure of

multiplexing, when multiple flows ofthe higher layer are sent as the single data flow

ofthe lower layer. The node resolution is the ability to distinguish individual flows

fromthe total traffic transpassing the channel, with more or less granularity. The

resolution can be low, when source and destination subnetworks are recognized,

through mediumone when terminal pairs are identified, to high resolution when user

process pairs are taken into account. The highest granularity opens the possibility

that the same pair ofcustomers uses multiple logical channels to acquire more than a

fair portion of the network capacity.

Sources receive data (requests) fromthe higher layer, formpackets (segmentation)

and decide when to send themto the network. The packet sent is stored in memory

until the acknowledgment is received. Ifa packet loss is detected, i.e. by

acknowledgment timeout, packet is retransmitted. Sources performflow control

algorithms adjusting their windows and sending rates.

Destinations receive packets and send acknowledgments in the formofseparate

short packets or in the headers ofdata packets fromthe opposite direction. They

make decisions about exact time to send acknowledgment and about the movement

ofthe receive window upper bound. Excess number ofsmall packets should be

avoided, as well as segmentation ofuser data to small packets. For the flow control

purposes, acknowledgments would be sent with minimumdelay for each individual

packet received.

2.2.4. Congestion Detection

Flow control mechanismis in its nature a feedback systemwith the purpose to keep

the optimal network working point. Feedback information about the network state is

fed to the sources which adjust their sending rates in accordance with the network

capacity available. We distinguish between implicit and explicit congestion

detection, while in both cases transmitters and network nodes performthe flow

control algorithms.

In the case of implicit congestion notification, the sources are required to estimate

the network state measuring the available values: RTT, W and packet loss rate. The

switching nodes can enforce some ofthose parameters, i.e. induce packet losses in a

random manner (RED, [3]), or delay individual data flows in accordance with the

fairness criteria (FQ, [7]). With implicit congestion detection, the network is

considered a black box.

Examples ofthe implicit congestion indication protocols are TCP [4], TCP-Vegas

[1] and fair queuing with packet-pair probes [7].

In the explicit congestion notification systems, network nodes informthe sources

about their state with more or less resolution, ranging fromsingle bit indications to

multiple parameters delivery. Since the network is distributed, the nodes should

estimate their local measure ofcongestion, observing queues lengths, packet waiting

times or packet loss rates for each output channel and class of service.

After the local congestion measure has been evaluated, that information should be

communicated to the sources. Here we confront the gap between the network and

the transport layer ofthe hierarchy structure. While network operations take place

on the network level, distinguishing only terminal equipment, actual data flows are

maintained on the transport level, where user processes are identified. In the case of

the strict layer independence, the network has no knowledge about transport

protocol parameters. The nodes can recognize packets belonging to the same

source-destination terminal pair as a single data flow. However, this approach is not

fair in case ofthe firewall protected large subnetworks, or other multiuser hosts

originating multiple connections. On the other hand, with the increased resolution of

data flows to a single connection, the user can intentionally establish multiple

connections to acquire more than a fair portion of the network capacity.

Examples ofthe explicit congestion indication protocols are source quench

messages ofICMP [10], EFCI systems as DEC-BIT [6], and explicit rate indication

systems as ERICA [2].

2.2.5. Source Algorithms

After congestion is detected or communicated to the source, it should adjust its

sending rate in accordance with new situation. This is achieved by performing the

source algorithms. New rate is to be determined to reestablish optimal network

working point. One can not rely on centralized, but only on distributed algorithms.

Measured or communicated parameters should be filtered to eliminate noise from

the useful information. Exponential averaging filters are most common because of

their simplicity and efficiency.

With explicit notification ofthe available capacity, sources can simply carry on with

new rate. In practice, this is often filtered out to avoid sharp transitions. One such

specification is for ATM ABR service [13], where the available (operating) rate

(ACR) is increased to the explicit rate (ER) in steps determined by the rate increase

factor (RIF).

When congestion is explicitly or implicitly detected, the available capacity is not

known and the rate is increased or decreased using the source algorithms

implemented. New rate is often calculated using linear functions with additive and

multiplicative factors:

( )

( ) ( ) ( )

( ) ( ) ( ) r n r n r n r n

r n r n r n

+ =

+ + >

- + < ì

í

î

1

1

1 a b

g d

,

,

2-2

It is shown that optimal source algorithmshould use additive increase ( a =0) and

multiplicative decrease ( d =0) [6]. Users with higher rates slow down quickly, while

free resources are divided with equal chances to all users.

Two groups of flow control algorithms are known, the window control and the rate

control algorithms.

The window control is based on the number ofpackets limitation, which source can

send to the network before acknowledgment has been received. A window was

originally set to the receiver buffer capacity, and used to prevent sending packets

which could not be stored in the receiver buffer. The resulting rate can be estimated

fromthe receiver window (RWIN) and round trip time (T). The same mechanismis

used as a congestion avoidance algorithmcorrecting the congestion window

(CWIN). Source sends to the network the minimum of two windows of packets:

( )

L

RWIN CWIN

T

= min ,

2-3

Ifthe resources are limited with buffer capacity, window control is the algorithmof

choice. Window control limits the total number ofpackets in the network efficiently.

Its flaw is that the inbound traffic is not supervised and sources can generate bursts

of packets.

The rate control is accomplished by transmission periods correction. Throughput is

here defined as the number ofthe packets (octets, cells) N sent in the observation

period t:

L

N

t

= 2-4

The advantage ofrate control is that the packet burst generation is avoided and the

inbound traffic is controlled efficiently. The source characteristics approach the

deterministic model. The flaw ofrate control is that the number ofpackets in the

network is not bounded and node buffers are not protected fromoverflow. Rate

control is the algorithmofchoice when resources are limited with the channel or

processor capacity.

To achieve stability of feedback systems, the sources should take care ofsending

rate and window [8]. Regarding the advantages and flaws ofthe window and rate

control, the combined algorithms should be developed and used.

3. OPTIMAL NETWORK WORKING POINT ANALYSIS

The packet network can be observed as a black box, Figure 3.1.

Figure 3.1. - Black box model of the network

The transmitter sends data packets and receives acknowledgments for individual

packets, which makes it possible to keep track of round trip times (RTT):

( ) ( )

T t a t p

k k k

= - 3-1

and window (W):

( ) ( )

W p a t a t p

k k j j k

= - = ; 3-2

The receiver can be considered part ofthe network as its role is to issue an

acknowledgment for each packet received. It is often assumed that a packet has

exited the network at the moment ofacknowledgment arrival, and the difference in

packet and acknowledgment lengths is neglected.

With the black box approach, the network is optimally modeled with a single server

queuing system, Figure 3.2.

Figure 3.2. - Single queue model of the network

The statistical properties ofpacket arrivals and service are modeled each by a single

stochastic process. Obtained results are acceptable compared to the queuing

networks analysis, because arrival and service process simplifications are the same

in both cases. Using the single queue model, analysis is much simpler and faster,

and results are interpreted easily.

The time period spent by a packet in the network consists ofthe queuing time T

q and

overall service time T

0

, for communications systemfurther divided in transmission

(or service) and propagation times:

T T T T T T

T T T q q s p

s p

= + = + +

= +

0

0

3-3

The service (transmission) time T

s is the time period fromthe moment ofthe first

packet bit to the moment ofthe last packet bit have been sent to the channel, while

propagation time T

p is the time period fromthe moment ofthe last packet bit has

been sent to the channel to the moment that bit has exited at the receiver side ofthe

channel. In our model, this is the moment the last bit ofthe acknowledgment has

been received at the transmitter.

During the data transmission, W packets can be found in the system: W

q packets in

the queue, W

s

= 1 in the server (one server) and W

p on the communications channel:

W W W W W W

W W W W q q s p

s p p

= + = + +

= + = +

0

0

1

3-4

Ifthe average service rate is m packets per second and average service time 1/ m

seconds per packet, channel capacity C b/s and average packet length M bits per

packet, the following relations stand:

T W

M

C

M

C

T W

M

C

W W T T

C

M

T

T s s W

p p p p p p p

s s

= = =

= = Þ = = =

= 1

1

1 m

m m

3-5 meaning that the average number ofpackets on the channel is proportional to the

service rate (inverse ofthe service time), because both values depend on the average

packet length and channel capacity.

For the sake ofsimplicity, the arrival and service processes are often considered

Poisson. More general distributions are found, however, by practical measurements.

Finally, we can consider determined processes, which can be found in synchronous

TDM systems like PCM hierarchy. Corresponding M/M/1, G/G/1 and D/D/1

queuing systems can be taken into account. The analysis ofthe G/G/1 model is

presented, and the results of M/M/1 and D/D/1 models are easily obtained.

G/G/1 model, often referred to as GI/GI/1 to emphasize the independence of

subsequent events, is characterized by three basic properties:

1. Little law states,

[ ] [ ]

E W E T = l .

2. The stability condition is l m r l m

< = < or 1 .

3. In stationary state, the systemis statistically equal in the moments just before the

packet arrival and in the moment just after the packet service.

We can define G/G/1 model such as:

1. s

k

> 0 is service time ofpacket k, independent randomvariable with mean

[ ] E s s

k

= = 1 m and variance

[ ] [ ]

E s E s

k k

2 2 2 - = s , with probability density

function ( ) f s

1 and cumulative density function (distribution) [ ] G s

1

2 , s , where m is

the service rate.

2. t

k

> 0 is interarrival time between packets k and k+1, independent random

variable with mean [ ] E t t

k

= = 1 l and variance

[ ] [ ]

E t E t

k k

2 2 2 - = t , with

probability density function ( ) f t

2 and cumulative density function (distribution)

[ ] G t

2

2 , t , where l is the arrival rate.

3. one server sends packet fromthe queue to the channel ofcapacity C and

propagation delay T p

= 0 .

This system is exponentially bounded [14]:

[ ]

E T

q

£ 1

Q *

3-6

where Q * is the biggest root of the Laplace-Stieltjes transform (LST) ( ) F Q :

( )

( ) Q Q

Q

F Q * max : =

>

£ ì

í

î i i i

i

0

1

3-7

defined as the function of the random variable z:

( ) [ ] F Q Q

= = - E e z s t z

k k k k ; 3-8

To obtain the delay vs. utilization curves, one has to compute the worst case of Q *

for a range ofvalues ( ) r Î 0 1, , repeatedly for each [ ] G s

1

2 , s / [ ] G t

2

2 , t /1 system. For

simplicity, the constant propagation time is set to zero, T

p

= 0 , which can be added

to the calculated waiting times easily.

In this analysis, the general distributions are substituted with the uniformones, with

their means and variances preserved:

[ ] [ ]

[ ] [ ]

G s U s

G t U t

1

2 2

2

2 2

, ,

, , s s

t t

®

®

3-9

Substituting general distributions with normal ones leads to generally unsolvable

transcendental equations.

Uniformdistribution [ ] U x , c 2 , defined with its mean and variance, is characterized

with the probability ( ) P x > 0 existing in the region a x b £ £ , and with the

probability density function plotted in Figure 3.3:

Figure 3.3. - Probability density function for uniform distribution

It stands:

( ) P x b a a x b

x a x b

= - £ £

< > ì

í ï

î ï

1

0 ,

3-10

( ) D x x a

x a

b a a x b

x b

=

<

-

- £ <

³ ì

í ï

ï

î ï

ï

0

1

3-11

where:

( ) x a b = +

1

2

3-12

( ) c 2 2 1

12

= - b a 3-13

Borders are calculated from x , c 2 :

a x

b x

= -

= +

3

3

2

2 c

c

3-14

with result:

( ) P x = 1

2 3 2 c

3-15

In our case we have [ ] U s , s 2 given with the mean:

s = 1

m 3-16

where m is service rate, and with the variance s 2 . Probability is ( ) P s > 0 in range

( )

a b

1 1

, , so we have:

a s

b s

1

2

1

2

3

3

= -

= + s

s

3-17

( ) P s b a a s b =

-

= £ £ 1 1

2 3 1 1 2 1 1 s

; 3-18

( ) D s s s

a s b =

- +

£ < 3

2 3

2

2 1 1 s

s

; 3-19

Similarly, [ ] U t , t 2 is defined with the mean:

t = 1

l 3-20

where l is arrival rate, and with the variance t 2 . Probability is ( ) P t > 0 in range

( )

a b

2 2

, so we have:

a t

b t

2

2

2

2

3

3

= -

= + t

t

3-21

( ) P t b a a t b =

-

= £ £ 1 1

2 3 2 2 2 2 2 t

; 3-22

( ) D t t t

a t b =

- +

£ < 3

2 3

2

2 2 2 t

t

; 3-23

[ ] U s , s 2 and [ ] U t , t 2 make two dimensional randomvector defined above the

rectangle region, Figure 3.4:

Figure 3.4. - Two dimensional random space (s,t)

Regarding s and t are independent randomvariables, each dot ofthe quadratic

region is assigned the probability:

( ) ( ) ( ) P s t P s P t a s b

a t b

, ; = =

£ £

£ £

1

4 3 3 2 2

1 1

2 2 s t

3-24

while for all other dots of the plane we have:

( ) P s t s a s b

t a t b

, ;

,

,

=

< >

< > 0 1 1

2 2

3-25

The stability condition of the system is:

l m r l

m

< = = < or s

t

1 3-26

with result:

s t < 3-27

This was expected, because systemis going to serve all requests if, in the long

enough period ofobservation, the possible number ofservices exceeds the total

number of arrivals.

Regarding 3-8, we must find the expectation ofthe randomvariable z s t

k k k

= - .

Generally, for some function ( ) Z s t, it stands [15,16]:

( ) ( ) ( ) G z P Z z f s t