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ABSTRACT

Packet-switched wireless data  networks built upon IP (Internet Protocol)-hased 

infrastructure are being envisioned to provide ubiquitous Internet access to mobile 

users. Supporting packet-data services along with the cellular voice services in an 

integrated networking framework gives rise to new network infrastructure and pro­

tocol design issues that are to be resolved to facilitate the introduction of the next 

generation wireless IP networks.

This thesis addresses several protocol design issues in the area of wireless packet 

da ta  networking, namely, retransmission control design for multichannel protocols, 

radio link level protocol for dynamic rate and error control, inter-layer protocol de­

pendency. radio link-layer and transport-layer protocol fairness and radio link-level 

dynamic bandwidth allocation. retransmission control policy for a multichannel S- 

.A.LOHA (slotted .-VLOH.A.) protocol in a high speed wireless da ta  network is proposed 

and analyzed. .A. sub-optimal dynamic rate adaptation procedure is proposed for up­

link d a ta  transmission in WCDM.A (Wideband Code Division Multiple .Access)-based 

wireless IP networks. The performance of this scheme is analyzed using a novel "mean- 

sen.se' approach for interference calculation in cellular WCD.M.A environment. The 

impact of macrodiversity packet combining on transport-protocol throughput perfor­

mance is analyzed under different link-level retransmission control policies. .A unified 

TDM A (Time Division Multiple .Access)-based centralized bandwidth management 

mechanism is proposed as a link-level solution for providing service fairness among 

competing users for uplink da ta  transmission in a wireless IP network. TC P (Trans­

mission Control Protocol) performance is evaluated under different transport-level 

packet scheduling policies in a correlated fading environment and a time frame-based 

scheduling policy is proposed to provide sendee fairness among mobile users in the 

case of downlink transmission. A set of centralized burst-level bandwidth alloca­

tion policies are investigated as a means of service integration with QoS (Quality of 

Service) provisioning in the wireless IP air interface.
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Chapter 1

Introduction

1.1 Wireless Communications and Networking Tech­
nology

Today, wiroloss communications and networking is the (astest growing segment of the 

telecommunications industry. Traditional wireless commutdcations and networking 

systems, which include cordless and cellular phones, paging systems, mobile data  

networks and mobile satellite systems, have evolved from the enormous research and 

development efforts in both academia and industry.

Wireless communications and networking systems can be categorized as follows

Ti:

•  High Power Wide Area Systems (or Cellular Systemsi  that have been designed 

to support mobile users roaming over wide geographic area

•  Low Power Local Area Systeins. for example, cordless telephone systems that 

are implemented with relatively simpler technology-

•  Low Speed Wide Area Systems  that have been designed for mobile data  ser­

vices with relatively low data  rates (e.g.. CDPD (Cellular Digital Packet Data) 

systems)

•  High Speed Local Area Systems  that have been designed for high speed and local 

communications (e.g.. WLAX (Wireless LAX) systems).

The first two categories are voice-oriented systems while the remaining two are 

data-oriented systems. Developments in voice-oriented systems can be described by- 

referring to three generations of these systems as follows:



•  First Generation Systems  refer to analog cellular phones and simple cordless 

phones which were based on analog technology’ with FM modulation. NMT 

(Xordic Mobile Telephone). . \M PS (.Advanced Mobile Phone Service) and T.\CS 

(Total .\ccess Communications Systems) are the three primary analog cellular 

radio systems standards. CT (North .\merican Cordless Telephone). CTO and 

C T 1 /C T 1 +  are the first generation analog cordless standards.

•  Second Generation (2G) Systems  refer to the digital cellular and cordless sys­

tems which employ digital modulation and advanced call processing capabilities. 

GSM (Global System for Mobile Comm unication)-the pan-European digital cel­

lular radio system. [S-54/IS-136 -the TDM.A. (Time Division Multiple .Access)- 

based North .\merican digital cellular systems, and IS-95-the CDMA (Code 

Division Multiple .\ccess)-based digital cellular system and the .Japanese PDC 

(Personal Digital Cellular Radio) represent the second generation of wireless 

cellular systems. CT2/CT24-. DECT (Digital European Cordless Telecommu­

nications). PHS (Personal Handy Phone System) and the cordless in the ISM' 

bands are among the major second generation digital cordless standards.

•  Third Generation (SG) Systems  are envisioned to support multidimensional 

(multi-information media, multi-transmission media and multilayered networks) 

high-speed wireless communications [2]. High speed packet data  services up to 

2 Mbps for wireless Internet access is expected to be the main a t tr ibu te  of :3G 

systems. Studies and standardization efforts on 3G systems are being carried 

out under the names IMT-2000 (International Mobile Telecommunications in 

the year 2000). L'MTS (Universal Mobile Telecommunication Service) and MBS 

(Mobile Broadband System). Majority of candidate RTT (Radio Transmission 

Technology) proposals for IMT-2000 choose DS/CDM A (Direct Secjuence Code 

Division Multiple Access) as the leading multiple access technique. Activities 

on the harmonization of the technical specifications for the different RTT can­

didates are being carried out with an aim to achieve a single converged 3G 

standard.

'It refers to the 902-928 MHz. the 2400-2483.5 .\IHz and the 5725-5850 .MHz bands which have 

been allowed for unlicensed use o f spread-spectruni (direct-sequence or frequency-hopping) radios 

up to 1 ir.



Although wireless cellular networks have been very successful in providing mobile 

voice service, the growth of wide area wireless d a ta  services has been much slower. 

Some of the contributing factors are ([3]-[6|): low speed wireless access links, poor 

link performance, fragmentation of wireless access standards, protocol and software 

design issues, lack of core packet network infrastructure, lack of synergy- with Internet, 

expensive user devices and battery technology’.

But with the explosive demand for Internet access and the development of a huge 

number of innovative Internet-based applications and services, it is expected that 

there will be widespread adoption of wireless d a ta  services in the near future. Similar 

to the evolution of wireline Internet, wireless Internet services will evolve to high 

bandwidth services such as full multimedia email and web browsing, s ta r ting  with 

the low bandwidth text-based services such as wireless e-mail and web information 

retrieval. Evolving wireless packet networking technology would make it possible to 

provide seamless wide-area Internet service to mobile users.

Current low-bandwidth wireless da ta  systems include

•  A R D I S  (Advanced Radio Data Information Service): the .\RD1S mobile data  

network formed by IBM and Motorola is providing coverage in over 400 metropoli­

tan  areas in the USA. It uses 25 KHz  channels in FD M .\ mode in the 800 MHz  

band, and provides 4.8 A'èp.s transmission rates in most areas [Tj.

•  R A M  Mobile Data: the R.\.M Mobile D ata Network, based on the MOBITE.X 

protocol developed by Ericsson and Swedish Telecomm, uses 12.5 A'//c channels 

in the 896-901 MHz  and 935-940 MHz  bands and provides 8 Kbps transmission 

rates. It uses S-.A.LOH.A. as the distributed medium access control mechanism.

•  CDPD (Cellular Digital Packet Data): the CD PD  system provides packet da ta  

service as a non-interfering overlay to the .A.MPS analog cellular system using 

paired 30 KHz  channels. It provides a transmission rate of 19.2 Kbps with the 

maximum user throughput about half this rate. CDPD uses the DSM.A. (Digital 

Sense Multiple Access) technique. Higher layers of the CD PD  protocol stack 

are based on standard ISO and Internet protocols.

.Apart from the above systems. 2G cellular systems also support circuit- and 

packet-switched data. For example. GSM supports circuit-switched d a ta  from 2.4-

14.4 Kbps. G PRS (General Packet Radio Service), which is a separate packet data



network within GSM. is expected to provide da ta  rates up to 170 Kbps. IS-136. 

the TDM A-based Xorth American 2 0  standard, can support data  rates iipto 40-60 

Kbps. IS-95. the COM.A.-based Xorth .American digital cellular standard, supports 

circuit-switched data  up to 14.4 Kbps. IS-95B can support a peak da ta  rate of 76.8 

Kbps. .Although the cordless systems, such as PHS. DECT and P.ACS. were designed 

primarily for voice service, with larger bandwidth available in these systems, da ta  

services in the 32-500 Kbps range could be supported.

3 0  systems aim to provide da ta  services with rates of 144 Kbps in wide-area 

vehicular environments and up to 2 .Mbps in indoor and picocellular environments. 

EDGE (Enhanced D ata for GSM Evolution), which is an enhancement to GSM. is 

expected to increase data  rates to over 384 Kbps. Peak data  rate achievable in systems 

based on cdrna2000. the 3G Xorth .American CDM.A standard, would be 307.2 ATp.s 

in the 1.25 .MHz bandwidth or 614.4 Kbps in the 5 .MHz bandwidth.

The WL.AXs. because of their limited transmission range and wider bandwidths 

(compared to cellular systems), can provide da ta  rates of 1-16 .\[bps. Three dis­

tinct technologies are currently in use for WL.A.X systems: IR (Infrared WL.AXs). 

microwave WL.AXs operating at 18-19 GHz And spread-spectrum WL.AXs operating 

in the ISM bands. IR WL.AXs are of two types DFIR (Diffused IR) WL.A.X and 

DBIR (Directed-bearn IR) WL.A.X [1], IR systems are relatively simple, are flexible 

to install, operate at very low power levels and are less likely to interfere with each 

other. IR signals do not penetrate walls. D ata rates of currently available DFIR and 

DBIR WL.AXs are 1 .Mbps and 10 .Mbps, respectively. Microwave WL.A.X products 

from Motorola (e.g.. .Altair and .Altair Plus systems) provide a data  rate as high as 

15 .Mbps. Spread-spectrum WL.AXs provide larger coverage than IR and microwave 

WL.AXs and its achievable data  rates are 2-6 .Mbps. Lucent s WaveL.AX supports 

d a ta  rate up to 2 .Mbps.

Xew WL.AX standards, such as HIPERL.A.X (High-Performance L.A.X). aim to 

deliver da ta  rates of up to 20 .Mbps.



1.2 IP (Internet Protocol)-Based Wireless Data 
Networks

Packet-switched wireless da ta  networks built upon IP (Internet Protocol)-based in­

frastructure can leverage the rapidly evolving Internet technology in the wireless 

domain so that user expectations can be met in a cost-effective manner. IP-centric 

solutions for high-speed wide area wireless networking are expected to incur lower 

network infrastructure cost, provide radio technology independent core network in­

frastructure. provide flexible service architecture based on client-server paradigm, 

simple service creation and application development environment and ultimately will 

pave the way to build a global mobile Internet.

In a wireless IP networking scenario, each PCS (Personal Communications Ser­

vices) network will consist of one or more IP-based da ta  sub-networks. Each mobile 

da ta  user that has a unique IP address may home to a sui)-network within the PCS 

network. Data sub-networks within a PCS network will interwork with the Inter­

net through some IWF (Interworking Function) or gateway (e.g.. GGSN (Gateway 

G PRS Support Xode) in GPRS networks). Data traffic among users in different PCS 

networks are transported using T C P /IP  protocols and. in an 'all-IP' scenario, data  

packets within the PCS networks will be also routed by the IP-aware' BS (Base Sta­

tion )/BSC (Base Station Switching Center)/M SC (.Mobile Switching Center), based 

on the IP address of the destination .MT (Mobile Terminal). Mobility management 

can be performed using the MIP (Mobile IP) protocol. MIP hides the movement of 

the mobile host to upper layer protocols and applications through the use of home 

and foreign agents that handle the routing of packets to the mobile host. In a wire­

less IP network, core network functionalities need to be enhanced to handle mobile 

multimedia networking functionalities (e.g.. call control signaling using H.3‘23‘ ).

Some infrastructure design alternatives for wireless IP networks were discussed in 

[8j. W ith an aim of developing an all-IP' core network architecture to deliver 3G 

ser\ices, efforts are currently under way at 3G PP (3G Partnership Project) [9].

■Recommendation H.3'23 developed by the Telecommunications sector of the International 

Telecom munications Union describes the procedures for point-to-point and point-to-m ultipoint audio 

and \ddeo conferencing over packet-switched networks.



A brief description of the transmission protocol stack architecture of wireless IP 

networks follows. .A. simplified protocol architecture is shown in Figure 1 . 1 .
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Evolving wireless IP networks will have several air-interface technologies (e.g.. 

\  VC DM.A (Wideband Code Division Multiple .Vccess). TDM.V-based EDGE). The 

all-IP" core network will provide radio independent networking facility. Robust RLC 

(Radio Link C ontro l)/M .\C  (Medium .\ccess Control) protocol would provide effi­

cient transport of real-time and non-real-time da ta  traffic both in the uplink and the 

downlink.

The IP layer in the wireless IP protocol stack deals with the routing of IP packets. 

Extensions of MIP or some alternate solution may be required in this layer to handle 

vehicular mobility of da ta  users in PCS networks. Functions such as T P C  (Transmis­

sion Power Control) are also to be performed in this layer for CDM.V-based physical 

layer.

In the wireless IP transmission protocol stack, the transport-layer protocol func­

tions include end-to-end transmission control and error recovery (in the case of two- 

level error recovery), some convergence functions and some optimization functions



(e.g.. T C P  header compression).

1.3 Motivation and Scope of the Thesis

The motivation for this research flows from one main fact: the potential of a large 

market tha t stems from the increasing demand for wireless data  services through 

the Internet. The emergence of private and public micro-cellular wireless networks 

are envisioned to provide a variety of broadband mobile services, including high­

speed Internet access and audio/video delivery. Supporting multimedia applications 

along with the legacy wireless applications (e.g.. cellular voice) within an integrated 

networking framework gives rise to new network infrastructure and protocol design 

issues tha t are to be resolved to facilitate migration to IMT-2000. the third generation 

wireless scenario and beyond, .\chieving IP-centric solutions for wireless multimedia 

networks to provide reliability, scalability and QoS is a grand technical challenge.

This thesis encompasses several protocol design issues in the area of wireless packet 

networking technology- for multimedia wireless communications. The major areas of 

this research that have been pursued are RLC/M AC and transport-layer protocols 

and the interrelations among mechanisms in different protocol layers. The aim of 

this research has been to accelerate the development of wireless mobile multiservice 

packet networks and to integrate them efficiently with the present Internet.

Multichannel protocols with advanced modulation and coding techni(|ues are en­

visioned to provide high throughput wireless data  services. Link-layer retransmission 

control (or access control) is an im portant issue in designing efficient R L C /M .\C  pro­

tocols (for uplink transmission control) in multichannel systems. Efficient retrans­

mission control schemes tha t can provide high system capacity over a wide range of 

system load are to be designed for multichannel random access protocols taking the 

time varying channel impairments into consideration. This issue is addressed in this 

work. A retransmission control policy is proposed and analyzed for a multichannel 

S-ALOHA (Slotted ALOHA) protocol in a high speed wireless data  network. With 

properly chosen protocol parameters, the proposed scheme can provide high system 

capacity for a wide range of system load.

O ptim al dynamic rate allocation among mobile stations for variable rate packet



da ta  transmission in a  cellular wireless network is an XP-complete problem: therefore, 

sub-optimal solutions to this problem are sought for. .\gain. interference calculation 

is non-trivial in the case of a packet-switched cellular CDM.A. network with hetero­

geneous traffic load in different cells. In this thesis, a sub-optimal two-step dynamic 

rate selection procedure is proposed for uplink packet da ta  transmission in cellular 

\  VC DM.A networks. .A novel mean-sense' approach for inter-cell interference cal­

culation is employed assuming homogeneous traffic load in the different cells. Two 

different error control alternatives for this variable rate packet transmission environ­

ment are presented and their performances are analyzed for three different channel 

models.

Understanding the impact of different physical layer mechanisms (e.g.. macrodi­

versity packet combining) on higher layer protocol performance would be recpiired for 

wireless IP transmission protocol stack performance optimization. The relative per­

formance of different link-layer access control schemes, in terms of RLC/M.AC-layer 

and transport-layer throughput under retransmission diversity packet combining at 

the physical layer and different timer control mechanisms at the transport layer, is 

investigated for a CDM.A S-.ALOH.A system. .All of these enable us to better under­

stand the issues involved in the design of higher layer protocols and to identify the 

suitable protocol mechanisms for CDM.A-based wireless IP networks.

Fairness would be an important issue in the evolving wireless IP networks since 

wireless subscribers with similar levels of subscription would expect similar service 

from their WISPs (Wireless Internet Service Providers). For WISPs. this may not 

be simple due to time and location dependent channel errors in a wireless environ­

ment. This issue is addressed in this work. .A TDM.A-based centralized bandwidth 

management mechanism is proposed as a RLC/M.AC-layer solution for providing fair 

bandwidth allocation among competing uplink traffic flows in a wireless IP network. 

It consists of an admission control policy, a traffic conditioning policy and a bandwidth 

allocation policy. The proposed scheme can be used in an adaptive QoS framework 

for dynamically adjusting the QoS of flows in order to accommodate wireless channel 

errors and user mobility.

Improved fairness among mobile subscribers in the case of downlink transmis­

sion (e.g.. mobile stations downloading web documents) can be provided through



transport-level packet scheduling at the base station. Since T C P  (Transmission Con­

trol Protocol) is the flagship protocol in today's Internet, the issue here is how to 

provide improved channel utilization while maintaining throughput fairness in the 

case of multiple T C P  flows traversing the downlink. This issue is addressed through 

evaluation of the performances of different transport-layer packet scheduling schemes 

in a correlated fading environment with the revelation tha t a fair packet scheduling 

scheme, along with the dynamic adaptation of TC P parameters (e.g.. nuixirnurn trans­

mission window size) based on network delay and error characteristics, can enhance 

both channel utilization and throughput fairness in wide area wireless IP networks.

Dynamic bandwidth allocation at the R LC /M .\C  level for transporting multiser­

vice traffic is one of the primary research issues for the wireless IP network designers. 

This issue is addressed here by evaluation of the performances of several central­

ized burst-level packet scheduling schemes for the transmission of voice, video and 

da ta  traffic over T D M .\ (Time Division Multiple .\ccess)/TD D  (Time Division Du­

plex) channels. These schemes are based on the .soft-reservation' of bandwidth for 

the different traffic types in each TD.M.A./TDD frame along with their instantaneous 

bandwidth requirements. .Mthough the simulation experiments are based on ,\TM 

(.\synchronous Transfer .Mode)-based transmission, the concepts here readily apply 

to wireless IP networks. Smaller RLC/M.AC-layer frame size (e.g.. .ATM cell) provides 

fine-grain multiplexing, which leads to improved queueing delays and delay jitter; this 

is desirable for service integration in the wireless IP air-interface.

The literature review pertinent to each of the problems addressed in this disser­

tation will be presented in the relevant chapters separately.

1.4 Thesis Outline

Subsequent chapters of this dissertation are organized as follows:

•  In Chapter 2. a retransmission control scheme for a multichannel S-ALOHA 

protocol in a micro-cellular wireless environment is proposed and analyzed. 

The delay-throughput performance is evaluated using exact M ark w  analyses for 

error-free channel and i.i.d. (independent and identically distributed) Rayleigh 

fading channel. For correlated Rayleigh fading channels, com puter simulations
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are used to evaluate performance.

•  In Chapter 3. a sub-optimal dynamic link-level rate adaptation  procedure is 

proposed for transm itting uplink packet da ta  in \ 'S F  (\'ariable Spreading Fac­

tor) WCDMA-based cellular wireless IP networks. Two different error control 

alternatives for this variable rate packet transmission environment are presented 

and their performances are analyzed for three different channel models.

•  In Chapter 4. the performance implications of retransmission diversity packer 

combining on link-layer and transport-layer protocol performance are investi­

gated for three different heuristic-based link-layer access control schemes and 

two transport-layer timer control mechanisms in a CDM.A. S-.ALOH.A network 

under frequency selective Rayleigh fading.

•  In Chapter 5. a unified TDM.A-based centralized wireless access scheme is pro­

posed for performing the statistical multiplexing of bursty da ta  sources in a 

wireless packet da ta  network. This scheme combines dynamic bandw idth allo­

cation with admission control and packet conditioning (at the mobile stations) 

to provide fair bandwidth distribution among bursty da ta  flows with different 

profile rates (or subscription levels) in an error-prone environment. The perfor­

mance of the scheme is evaluated using computer simulations for different total 

subscription levels, for different compositions of flows with different profile rates 

and for different channel quality with different channel-error correlation pattern.

•  In Chapter 6 . performance evaluation of a number of T C P  (Transmission Con­

trol Protocol) level packet scheduling policies is carried out in terms of channel 

utilization and throughput fairness (among similar competing T C P  connections) 

in a wide area wireless IP network.

•  In Chapter 7. a set of centralized burst-level cell scheduling schemes, namely. 

FCFS-FR (First Come First Served with Frame Reservation). FCFR-FR-f-. 

ED F-FR (Earliest Deadline First with Frame Reservation). ED F-FR -r and 

MTDR (Multitraffic Dynamic Reservation), are investigated for transmission 

of multiservice traffic over TDM.A/TDD channels.

•  Chapter 8  summarizes the contributions of the thesis and discusses a few direc­

tions for future research.
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Chapter 2

Binary Feedback-Based 
Retransmission Control for a 
Multichannel S-ALOHA Protocol 
in Fading Channels

2.1 Introduction

Third-generation wide-area wireless da ta  sendees (e.g.. EDGE) are envisioned to pro­

vide a da ta  trahie throughput of at least several hundred Kbps |4j. Multiehannel 

networks with advanced modulation and coding techniques appear to be possible 

solutions for providing wireless data  services with such a high throughput.

.\LOH.A-based single-channel wireless packet networks, such as CDPD. offer a 

throughput of less than 20 Kbps due  to some intrinsic limitation in carrying high da ta  

rate traffic. Since the duration of each packet decreases as the da ta  rate increases, 

it is necessary to increase the signal power to maintain a constant Ef, (Energy- per 

Bit) [10] so that the same BER (Bit Error Rate) can be achieved. Multiple .\LOHA 

channels in parallel can be used to meet the high data  rate requirements. To provide 

a high d a ta  rate. GPRS, which has been specified as part of GSM Phase 2-r. enables 

a mobile station to use more than one timeslot from one or more physical channels

Î5].
In addition to providing a high da ta  rate, a multichannel wireless network can 

function in a graceful degrading mode in case one or more channels fail due to harsh
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channel conditions. In addition, in a distributed environment, prioritized access to 

different mobile stations can be provisioned by restricting their access to a differ­

ent number of available parallel channels. For example, depending on the service 

requirement, a set of mobile stations can be prioritized to have access to a larger 

number of channels than another set of mobile stations. Network designers and 

service providers have to evaluate the network performance under different system 

parameters for proper dimensioning and allocation of system resources.

S-.\LOH.-\ has been widely adopted as a media access protocol and as a component 

in many reservation protocols in wireless networks. Due to the simplicity of the 

protocol, it is still of great interest to wireless network designers. Unless modified, 

some of the protocols, such as CSM.A.. C SM .\/C D  and their multichannel extensions 

( [ l l | - [ I 2 ]). will not work in a wireless network due to the 'hidden tennmal problem'^.

Like any other random access protocol, the satisfactory performance of a multi­

channel S-.\LOHA protocol depends on its ability to adjust the protocol parameters, 

especially when the offered load to the network is near or above the capacity of the 

channels. Retransmission probability is the most appropriate parameter that can be 

varied if the network load changes. The selection of the retransmission probability 

is crucial for the satisfactory performance of the system. The use of an appropri­

ate backoff scheme (local and /or global) can result in an improved delay-throughput 

performance compared to the performance of non-adaptive systems "UJj. The choice 

of the retransmission probability as a function of the number of busy (i.e.. either 

successful or suffering collision)/idle channels can lead to stable tnultichannel access 

control protocols.

A simple retransmission backoff scheme for single channel S-.\LOH.A networks 

was proposed in [l-lj and it was extended for single-hop WDM (Wavelength Division 

Multiplexing)* star-coupler networks [15]. Literature on retransmission probability 

selection in a multichannel finite population S-.\LOHA system is very limited. .\  

multichannel infinite population S-.\LOHA protocol with constant probability re­

transmission control was studied in [16] and an optimizing criteria for stability was

'T his refers to a situation where two mobile terminals, each of which is within the range of some 

intended third entity (e.g.. BS). are out of range of each other.
-It is an approach for ver>- high speed networking which divides the optical spectrum  into many

different w avelengths assigned to each channel.
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formulated.

In a S-.ALOH.A, based wireless network, frame^ loss may occur due to the simul­

taneous transmission of more than one frame (unless any one of the simultaneously 

transm itted  frames can capture' the receiver) and due to the channel fading. There­

fore. in the case of high system load, transmission a ttem pts  from the mobile stations 

need to be controlled by delaying them appropriately in order to improve wireless 

channel utilization. Retransmission control policies can also exploit the channel fad­

ing information so that there are more frequent frame transmissions when the channel 

s tate is good and there are fewer transmission a ttem pts  when there are errors, which 

are typically bursty in nature. Delaying retransmissions rather than persisting on re­

transmissions under correlated channel fading is desirable from a power conservation 

viewpoint. The performance of a multichannel ISM.A (Inhibir-Sense Multiple .Access) 

protocol (where the mobile stations attem pt transmissions in the uplink channels 

based on the busy/idle status of the channels in each slot broadcasted by the BS in 

the downlink) in the presence of bursty frame losses was studied in ,17; for a simple 

■persist-until-snccess' retransmission strategy.

In this chapter, we provide Markov analyses for the steady-state performance 

evaluation of a multichannel finite population S-.ALOH.A protocol with a general­

ized retransmission backoff scheme under i . i . d .  Rayleigh fading. The retransmission 

control scheme is based on the binary feedback information about the most recent 

transmission a t tem pts  in the uplink channels which is broadcasted by the BS in the 

downlink channel(s). The incorporation of a capture model in the analyses enables 

us to get insight on the effects of large-scale path loss (and hence near-far effect) 

on the system performance. More interestingly, it makes analyses of a multichannel 

S-.ALOH.A system, without capture, simpler. The performance results for the single 

channel systems with constant probability retransmission control can be found from 

the general model as special cases. The steady-state performance of the proposed 

retransmission control scheme in correlated fading channels is evaluated with the aid 

of com puter simulation. The performance results for a more power conservative ver­

sion of the retransmission control policy based on local adapta tion  are also derived

refers to a unit data block at the RLC/M.A.C level. We prefer to use f rame  rather than packet  

since the latter is more appropriate for referring to higher layer data units.
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through simulation. In addition, we discuss some other possible application areas of 

the backoff scheme and possible extensions of this work.

The organization of the rest of the chapter is as follows. The system model is 

described in Section 2.2. In Section 2.3. we present Markov analyses for the proposed 

retransmission control scheme. The performance results, obtained through computer 

simulation for the proposed scheme in fading channels, are presented in Section 2.4. 

In section 2.5. we analyze a variant of the proposed scheme based on local adaptation. 

Finally, in Section 2.6. the main points are summarized.

2.2 System M odel and Description

.A. multichannel S-.ALOHA system with .V mobile stations and M  parallel channels 

(i.e.. carriers) is considered where each mobile station has access to all the channels 

(i.e.. a mobile station can transm it to and receive from any of the channels). The 

time axis is considered to be divided into ecpial-lengtli slots. The slots in the different 

channels operate in parallel. The mobile stations transmit or receive constant length 

frames and each frame fits into one timeslot. Each mobile station is assumed to have 

a transmit buffer of one frame size and the station remains blocked until the frame 

(if any) in the buffer is successfully transmitted through one of the channels in a 

timeslot.

Due to the capture effect in a cellular radio environment, the BS can decode a frame 

with normal accuracy even in the presence of collisions and channel fading if the signal 

power corresponding to the frame is sufficiently stronger than  tha t of its contenders. 

Due to spatial a ttenuation, m ultipath reflections, diffractions and different spatial 

distributions in a mobile radio channel, the mobile stations are dynamically and 

randomly divided into different classes of access power. Rather than  explicitly taking 

all these factors into consideration, we consider only the received power levels of the 

transm itted  frames at the receiver.

Here, we assume th a t  frames received at the BS can be classified into L classes 

(class 1 through class L. which are linearly spaced) based on their power levels where 

class 1  corresponds to the class with the lowest power and class L corresponds to the 

one with the highest power. The capture model considered here is as follows: during
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a timeslot, the BS can decode a frame correctly if the corresponding power level is 

greater than  that of each of the contending frames in that slot in the same physical 

channel. T hat is. a frame from mobile i. i G {1.2. •••..V} is captured if f ,  > Tj. 

j  =  1. 2. • ■ •. -V. j  #  L where .V is the number of frames simultaneously transm itted  

in the same timeslot in the same physical channel in which mobile i is transm itting 

and f t .  k  =  1 . 2 . • •• . .V  is the received power for the frame transm itted  by mobile 

k. This is a more optimistic capture model than one where capture is assumed to 

take place if cumulative powers of the contending frames is less than the desired user 

power, namely, f ,  > = [18).

We consider here three variations of the retransmission control policy based on the 

binary feedback about the channel status: M BFS-l  (Multichannel Binary Feedback- 

11. MBFS-2  (Multichannel Binary Feedback-2) and MBFS-S  (Multichannel Binary 

Feedback-3). MBFS-l .  .\lBFS-2 'And MBFS-. l nse the .s«crc.s.s/non-.snrcR.s>-. Uile/nati- 

idle and colli'^ion/non-collmon feedback, respectively. Non-collision feedback cor­

responds to both success and idle. Each blocked mobile station updates the value 

of the retransmission probability according to the feedback received in the previous 

timeslot. . \  mobile station newly generating frames can synchronize to other mobile 

stations if we assume that the BS broadcasts the current value of the retransmission 

probability at the end of each timeslot.

The round trip propagation delay is assumed to be less than the slot duration so 

tha t a mobile station can learn the status of a channel (i.e.. whether the transmission 

is successful, a collision has occurred, or the channel has been idle) in a slot before the 

beginning of the next slot. This is a reasonable assumption for micro-cellular wireless 

networks. We also assume that the feedback information from the BS is transm itted  

error-free in the downlink channel(s). This is also reasonable since the small number of 

bits conveying the feedback information can be adequately protected through channel 

coding. The performance results obtained with the assumptions of instantaneous and 

error-free feedback serve as an upper bound for the system performance.

Let p{t) be the retransmission probability in the fth timeslot. For the three vari­

ations of the retransmission control scheme. p{t) is updated as follows:

(i) M B F S.t = \  " " "  '  -''J
r n a x ip m m -  p i t )  X g ) . if M . ^  <  [x x  .\/J
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(ii) MBFS. i :  p(t +  1 ) = s  "  -’' J
max(pm,n- pit)  X g ) . i f  A/,,,, < [x x  M \

(iii) .V/SFS-.J: p(, + 1) = I ""I " ”  ■ ■"«" -
[ m/n(p,nax- p{ t) /q) .  if < [j: x A/J

where 0  < p,nax < 1 . 0 < q < l .  0 < x < l .  pmm = q’̂ and r e  I  (r > 0 ). For A/ 

=  1. the value of the parameter x  is 1  for all the three cases. Here. p(t — 1 ) is the 

retransmission probability in slot {t ~  1 ). A i s  the number of channels suffering 

collision in slot t. A/,,^) is the number of successful transmissions in slot t and A/,,7 , 

is the number of channels that remained idle in slot t.

The protocol parameters x  and q determine the rate of adaptation in the value of 

the retransmission probability. In a particular system configuration, for a particular 

value of X .  higher values of q  cause slow adaptation whereas lower values of q  result 

in high rate of adaptation.

D PT (Deferred First Transmission) mode is considered here. i.e.. after the 

generation of a new frame, a mobile station immediately goes into blocked mode. We 

assume p^ax to be ecpial to 1 .

2.3 Performance Evaluation for Error-Free Chan­
nels by Markov Analysis

2.3.1 Capacity Analysis

The normalized system capacity. C. is defined as the number of successfully transm it­

ted frames per slot per channel when all the mobile stations have frames to transmit 

during each timeslot. In other words. C  is the throughput per channel under full 

load condition. The system states under full load condition can be described by the 

discrete-time Markov chain shown in Figure 2.1 where the system state A', is chosen 

such tha t the value of the retransmission probability pr is (/' in tha t state.

The sta te  transition probabilities are given by

(i) For MBFS-l .
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1 -p ' ■'fr.r-

F ig u r e  2.1. Markov chain .•ihowing the system states under full load condition.

*  A / j  I A ; }  =  ^  I  J  , ) ■ (  I  ~  Piiicai}}

whore p,urr(n is given as follows:

Psiirc[i) ( 2 . 2 )

In (2 . 1 ). r*; is the probability that a frame is successfully decoded at the BS when k 

frames are transm itted simultaneously in a slot in the same physical channel. This is 

given by (2.3)

27" h > 0 (2.3)
/= I

where is an indication function defined as follows:

I if L =  I and k ■ I

0  otherwise.
(2.4)

(ii) For MBFS-2.

where Pidun) is given as follows:

(  .1 /  \
^  I _/' )  ̂ ) "(2.5)

Pidleli] — ( 2 . 6 )
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(iii) For MBFS-S.

M

p u ^ i  = Pr{M,(t) > [ x *  M \ \ \ \ }  =  Y .  ■PioKn-i'  ̂ -  PcoKi))' '̂  ̂ i'^~)

( 2 .8 )

r . A /

where Pcot(i) is given as follows:

,v
■i =  !

;

For all the cases.

=  f -  Pi-i.i- (2.9)

Let n  and P  denote the limiting probability vector and the transition probability 

matrix, respectively. Then, the limiting probabilities can be derived using (2.10).

n  =  n . p  (ind ^  n, =  I. ci.io)
I)

The normalized system capacity (C) can be determined using (2.11)

  ] ? ) ■ ( ' -  A?)

The delay is the average number of slots tha t a frame has to wait until it is successfully 

transm itted. It can be calculated using Little's formula as follows | ICj:

The results for the single-channel S-.\LO H .\ can be found as special cases of the 

above formulation by putting M  = I. For the non-adaptive case, with the constant 

probability of retransmission being equal to p^. the normalized system capacity can 

be determined directly from (2 . 1 1 ) by substituting pr- 1  and 0  for q‘. 1 1 , and r. 

respectively. In the above analysis, we avoid using the general formula for determining 

the probability of .s successful captures of channels when i stations are contending 

for m  idle channels, as given by (2.13). which has been used in some previous papers 

(e.g.. [12]. [16]). Thus the computations here become relatively simpler.

„ f; ^  ^ 1  — Ŷ min(i.m) ( ~ L )*
' m ‘ ..s! * ( f —s ) ! . ( i - r ) ! . ( m - f ) !  ‘

0 <  .s <  m in im ,  s). (2.13)
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W ith a fixed value of M. X  and r. typical variations of C  with q and x  for different 

values of L are shown as contour plots in Figures 2.2. 2.3 and 2.4 for M BFS-l .  MBFS-  

2 and MBFS-3.  respectively. For brevity, the corresponding delay plots are omitted. 

It is to be noted that, in a particular .system configuration, for a certain value of C.  

the average frame delay (D) is inversely proportional to C.  as given in (2.12).
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F ig u re  2.2. MBFS-l.' Variation of nmmalize.d .■iy.' t̂e.m capacity with q and x (for X  

= 100. .M = 10. r = 9).

For .\IBFS-I. with smaller values of q. C  deteriorates significantly regardless of 

the value of x. W ith  a fixed value of x .  as q increases. C  first increases until it reaches 

some threshold, then decreases with increasing q. This threshold depends on the 

ratio of . \ / .M  and L.  For larger values of L. the dropoff in C  is more graceful with 

increasing q (Figure 2.3). When . \ ' /M  is relatively small and L is relatively high, for 

a certain value of x .  C  monotonically increases with increasing q. For a fixed value 

of q. as X increases. C  first increases and then decreases with increasing x .  For larger 

values of L. this threshold shifts towards smaller values of x .  For ven." large values of
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= 100. M  = 10. r =  9).

q (e.g.. q = 0.9). C  does not change appreciably with a change in the value of .r.

For .MBFS-2. as q increases, with a fixed value of x. C  first increases and then 

decreases with increasing q after C  reaches some threshold value. This threshold 

depends on the ratio of X/ .M  and L. For larger values of L. similar to M BFS- l .  the 

dropoff in C  is more graceful with increasing q (Figure 2.4) and for relatively small 

X / M  and high L. for a certain x. C  monotonically increases with increasing q. For 

moderately low values of q. as x  increases. C  first increases, remains almost same for 

a range of values of x  and then decreases with increasing x. For larger values of q 

and L. this threshold shifts towards smaller values of x\ that is. at higher values of L. 

smaller values of x give better normalized system capacity when X / M  is relatively 

small. However, as x  increases, for very high values of q (e.g.. q =  0.9). initially C  

increases and then does not change appreciably with increasing x. The variation of 

normalized capacity with x and q for .MBFS-S is similar to the variation for MBFS-2  

(Figure 2.4).

For all three cases, the system capacity improves as L increases. For a fixed
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higher values of L provide better stability in system capacity when .V is large. The 

rate of improvement in system capacity declines as L increases. For a particular 

multichannel system configuration, the parameters x  and q may be chosen to have 

a s teady-sta te  normalized system capacity as large as 70% for values of L not larger 

than  1 0 .

For particular values of X / M  and L. the values of x  and q that lead to maximum 

normalized system capacity can be found through search. For a given number of 

parallel channels (i.e.. number of parallel timeslots in different careers) the three 

protocol param eters r. q and x  can be chosen such that the channel capacity is stable 

for a wide range of values of .V. For M  =  20. r = -5. 9. 1-5 and L =  1  (i.e.. no capture), 

the values of x  and q tha t lead to the maximum normalized system capacity (i.e.. )

are listed in Table 2.1. Table 2.2 and Table 2.3 for MBFS-l .  MBFS-2  and .MBFS-2. 

respectively. For an increase in the number of users, q needs to be decreased (i.e.. the 

rate of adap ta tion  is to be increased) to achieve the maximum system capacity.

The system capacity is found to be more sensitive to the variation in q than  to the
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variation in x. .A.t m tixmmm  system capacity, the difference among MBFS-l .  MBFS-  

2 and MBFS-2  lies in the selection of x. For particular values of X / . \ [  and r. q is 

almost the same in all three cases for maximum normalized system capacity. If r is 

changed, the corresponding values of q change but the maximum system capacity can 

be achieved with the same value of x. For a certain X / M .  if r is increased (decreased). 

q is to be increased (decreased) to achieve the maximum capacity.

For fixed x. q and r. the variations in the normalized system capacity C  with 

the number of active mobiles are shown in Figure 2.7 for the three retransmission 

backoff schemes. For a fixed value of x.  as q increases beyond a threshold, the system 

tends to become unstable in the sense that, for a fixed number of channels, the system 

capacity falls off sharply with an increase in the number of active mobiles. The system 

shows the most stable performance with q — 0.5 with normalized system capacity as 

high as 309c (without capture). The throughput in this case is slightly lower than 

the maximum system capacity 1 /e . Numerical results show tha t in a typical micro- 

cellular wireless network scenario with .X/.M < 30. normalized system capacity of
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T a b le  2.1 . The values of  q and x  fo r  which C  is maximum under different X / M  

(for M BFS-l with M  = 20. L = 1).
X / M 5 1 0 15 2 0 25 30 35 40 45 50 ;

X 0.7 0.7 0.7 0.7 0.7 0.7 0.7 0.7 0.7 0.7

q ( r  = 5) 0.70 0.65 0.60 0.55 0.53 0.50 0.48 0.47 0.46 0.45 !

(r =  9) 0.83 0.78 0.75 0.72 0.70 0 . 6 8 0.67 0.65 0.65 0.65

q (r =  13) 0.90 0.85 0.8.3 0.82 0.80 0.80 0.78 0.78 0.77 0.77 ;

Die 2 .2 . The v a l u e s o /f/ a n d  X f o r  iLh i c h  C i s  m a x i m u m  u n d e r  d i f f e r e n t  .V

r MBFS-2 with M  == 20. L = 1}

1 V/A/ 1 0 15 2 0 25 30 35 40 45 50 ;
1

X 0.9 0.95 0.95 0.9 0.95 0.95 1 0.9 0.9 1 0.9 I 0.9
q { r  =  Ô) 0.70 0.65 0.60 0.55 ! 0.53 0.50 i 0.48 0.47 : 0.46 0.45

q {r = 9) 0.84 0.77 0.74 0.72 0.70 0 . 6 8 ; 0 . 6 8 0 . 6 6 0 . 6 6 0.64

1 </ (r =  15) 0.90 0.85 0.83 i 0.82 1 0.81 0.80 0.78 0.78 1 0.78 ; 0.77

more than 309r can be achieved for some other value of q (e.g.. 0.7) even without 

capture. .A.s has already been pointed out in 114). choosing the value of q to be 0.5 

offers the advantage of implementation simplicity since the value of the retransmission 

control parameter can then be calculated using a simple shift register.

For fixed X / M .  q and x.  with .\IBFS-I.  as r increases. C  increases, reaches some 

maximum value and then decreases with increasing r  (Figure 2.5). . \s  q is increased, 

this maximum shifts towards higher values of r. But for MBFS-2  and .\lBFS-2. 

C  becomes almost constant after r reaches some threshold. .\s q is increased, this 

threshold shifts towards larger values of r.

2.3.2 Throughput Analysis

Under low load condition, a mobile station, which is not blocked, generates a frame 

with probability Pg [0 < pg < 1 ) for transmission during a timeslot (whereas under 

full load condition pg = I). The normalized system throughput (5) is defined as the 

number of frames successfully transm itted  per channel during a timeslot. The system
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Table 2.3. The values of q and x  for  which C  is maximum under different X / M  

(for  MBFS-3 with M  = 20. L = I).
X / M 1 0 15 2 0 25 30 35 40 45

I
50

X 0.05 0.05 0.05 0.05 0.05 0.05 0.05 0.05 0.05 0.05

q { r  =  5) 0.70 0.65 0.60 0.55 0.53 0.50 0.48 0.47 0.46 0.45

q { r  = 9) 0.84 0 . 1 I 0.74 0.72 0.70 0.69 0.67 0 . 6 6 0 . 6 6 0.65

q  { r  = 15) 0.90 0.85 0.83 0.82 0.81 0.80 0.78 0.78 0.78 0.77

under low load condition can be described by a Markov process with each s ta te  (;. j )  

chosen such that,  in this state, the probability of retransmission is q ‘ and the number 

of backlogged mobiles is j .  Then, the possible state transitions are the following:

( i. j )  —y a  -T I. k). f o r  0  < j .  k < .V. 0  <  / <  r

( i . j )  (/ -  l . k ) . f o r  0 < j . k  < X.  1 <  / <  r

i ' - j )  ( i . k ) . f o r  0  < j . k  < . \ . i  € {0 . r}.

Let .V, denote the event that the retransmission probability is qk The s ta te  tran ­

sition probabilities can then be defined as follows:

(i) = Pi  X P>- 0 <  J- < -V. 0 <  / < r.
For MBFS-I .  p\ is same as the p, defined in (2 . 1 ). i.e..

p, =  <  IT *

and p s u c c i i ) is given by

M

J
-  Psurs / i r r l  I ) I

^ j ~ k
2 -;=i

J ^ k
■ ( S )  ( l -  At)

I \ j —
.r,. ( 2 . 1 4 )

For MBFS-2. pi is same as the p, defined in (2.5). i.e..
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Pi =  Pr{.\/,(f) < [ x *  -UJI-VJ =  ' I ' .  XdMO ^

where p,die{i) is given by

■ V - J

Pidle(i) — y~!
fc=l)

-V -  J
k

A \

p, =  Pr{.\/e,() > [ x *  A/Ji-V,} =  Y . j L s . M ,  j  ~  krol u, ) ' ^'  ^

where pr„i,,) is given by

For MBFS-S.  p, is same as the p, defined in (2.7). i.e..

(2.15

Prnl(i) — 2 -/t=o Pg (I -  Pg)
\ - , - k

/Ir /  2  -  

/
( v )  • ■ at)

1
. ( I — |. (2.16)

For all the three cases, p,  =  Pr{ . \umhpr  of backlogged mobiles changes from j  to 

k \ -V,}

=  E ,^oM   ̂ V p l . d - p g ) ' - ^

Z - . l = j ~ s - k .(7 *b( I — g‘ )-̂  ' -̂p[ '̂ A/. L. j  4- .s — A j > (2.1 (

where p[l. M. L . j  +  .s — k] is the probability of j  -r .s — k successful transmission)s) 

when / mobiles are contending in A/ channels with L linearly spaced power levels at 

the receiver. This is given by

pff. A/. L. j  s — A’l — P(i.\r.L),
S - J - (2.18)
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Here. P(/.A/.t) is the probability of successful transmission in a channel for L linearly 

spaced power levels in the receiver when / stations contend in M  channels, and it is 

given by (,\ppendL\ .\)

-  '  V  P(l.M.L) -  T -  Z -
^ 1 = 1

1
M L

i-i
L > 0 . (2.19)

(ii) P u . j ] A t - i . k )  =  (1 -  P i )  X /Jo. 0 < j . k  < X .  0 < ; < r. where pi and p, are as 

defined above.

(iii)P(o.jixo.t, =  ( 1 - p i  ) XP'2 where pi is as defined above and po is defined as follows:

P-2 =  ^   ̂ ^ j  Pg ( 1 -  Pg)^ ~^~‘-P[J L . j — l -  k_.

(iv) P{r.,).{r.j) =  Pi Xp-j. where pi and p-> are as dehned above for MBFS-L  MBFS-2  

and .MBFS- i.

Let n  and P  denote the limiting probability vector and the transition probability 

matrix, respectively. Then, the limiting probabilities can be derived using (2.20) and 

hence the normalized system throughput (5). mean backlog [B] and mean frame 

delay (D) can be determined using (2.21). (2.22) and (2.23). respectively.

r  V

n = n .p  and y  y  n(i . j) = i. 12.20)
1= 0  ;= U

S  =  1 2 .2 2 )
1= 0  j = 0

D  =  (2.2.3,
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The results for the single channel case without capture can be obtained by letting 

M  =  1  and Z. =  1  in the above formulation. Typical variations in the normalized 

throughput with the number of mobile stations are shown in Figure 2.G. It is evident 

from the figure tha t the capture effect substantially improves throughput. For .V 

=  200. M  =  5. q =  0.7 and x  =  0.3. with L =  ô. for MBFS-2  and MBFS-2.  the 

normalized throughput is about 699r for frame generation probability of 0.1. whereas 

without capture (i.e.. for Z. =  1 ). it is only about 21% (for MBFS-2)  and 27% (for 

MBFS-2).  For the same parameters, in the case of .MBFS-l. S  = 30%. 39% and 49% 

with I  =  1 . 2 and 5. respectively.
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2.4 Performance Evaluation in Fading Channels

2.4.1 Fading Channel M odel

For a broad range of parameters, the frame (i.e.. a data  block of duration T) error 

process in a mobile radio channel, where the multipath fading can be considered to 

follow a Rayleigh distribution, can be modeled using a two-state Markov chain with

transition probability matrix  .\/c as follows ([19]-[20|): ^  ̂ where
I -  g q

p and l -q  are the probabilities tha t the j ih  frame transmission is successful, given 

th a t  the ( j- l) th  frame transmission was successful or unsuccessful, respectively. This 

two-state Markov channel model has been used for wireless protocol performance eval­

uation in fading channels. For example, throughput predictions of protocols such as 

. \R Q  (.A.utomatic Repeat Request) and T C P  using two-state Markov channel models 

were found to match quite well with those found by simulations over fading channels 

[2 1 1 .
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Given the matrix Me- the channel properties are completely characterized. Markov 

processes describing different channels will be independent of each other. The steady- 

state  probability of frame error is given by Pe =  and the average length of an

error burst is (1 .A.Iso. for a Rayleigh fading channel with a fading margin' F.

Pe = 1 -  and the Markov param eter g = I — where B =  \J

Here. Q{. . .) is Marcum's Q function, p = J^ i ' l - fdT)  is the Gaussian correlation 

coefficient (where ./q is the zero order Bessel function of the first kind) of two successive 

samples of the complex amplitude of a fading channel with maximum Doppler shift 

fd (where =  c/A =  mobile speed/carrier wavelength) taken T  seconds apart.

We assume tha t during the time period T. the fading envelope does not change 

significantly. For high rate data  transmission, this assumption of a sloudg rarying 

channeP is reasonable for the usual values of the carrier frequency (900-1800 MHz).  

The parameter J,iT is the normalized Doppler bandwidth and it is directly related 

to the correlation in the fading process. From Pe and q in the above equations, the 

Markov parameter p can be obtained. Different P e and f , iT  values will result in 

different degrees of correlation in the fading process. When f , iT  is small, the fading 

process is very correlated (i.e.. there will be long bursts of frame errors): i)n tin» other 

hand, for large values of J/T .  the channel error events are almost independent (i.e.. 

there will be short bursts of frame errors). For a certain value of average frame error 

rate Pe (particularly for a value in the range of 0 {  1 0 " ')  to 0{  1 0 " ')) .  the error burst 

length increases (i.e.. the fading process becomes more correlated) as user mobility 

(and hence f f T )  decreases. Other parameters remaining the same, as P e increases, 

the error burst length increases rapidly for low-mobility users.

It is assumed that when the channel is in bad state, frames are lost regardless 

of the corresponding power levels at the receiver. This is a pessimistic assumption 

since even under some fading condition a frame with higher received power may be 

decoded correctly by the BS. When the channel is in good state, the frame with the 

highest received power level is assumed to be successfully decoded by the receiver.

In the case of .\IBFS~1. a channel is declared to be successful by the BS if the 

channel status is good and transmissions on tha t channel are not garbled due to

^It is the maximum fading attenuation which still allows correct reception of a frame.
^It refers to a channel condition where all the bits o f  the same frame experience approxim ately  

the sam e fading conditions.
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multiple simultaneous transmissions (i.e.. at least one frame is received with a power 

level higher than each of the other contending frames). In this way. the channel status 

information is exploited in the retransmission control policy. Similarly, for MBFS-  

3. a channel is declared to be suffering collision if transmissions on tha t channel 

are garbled due to multiple simultaneous a t tem pts  an d /o r  the channel is in bad 

state. But in the case of MBFS-2  (i.e.. for idle/non-idle feedback), channel error 

s ta tus information does not affect the retransmission control directly although the 

system delay-throughput performance is affected due to the channel impairments. 

Under these assumptions, the system performance metrics for the three variations 

of the retransmission control scheme can be evaluated for i .u l .  Rayleigh fading by 

redefining in (2.3) as in (2.2-1) and by changing (2.2). (2.S). (2.11). (2.14) and 

(2.16) accordingly.

r ,  =  I ) ' - ‘j .  I X )  12.24)

where F  is the fading margin for the corresponding channel.

For high mobility users, the i.i.d. Rayleigh fading assumption is reasonably good 

[19]. But for high da ta  rate services with low user mobility, the channel fading 

events are correlated rather than independent. Since deriving closed form etpiations 

for performance evaluation in correlated fading channel would be quite involved, we 

resort to using computer simulation.

.A. C-coded time-driven simulator is used for obtaining the performance results. 

The simulator run-time is chosen to be 600000 timeslots, which corresponds to 5 hrs 

of simulation time assuming the frame size to be 75 hyte.s and channel da ta  rate 

to be 20 Kbps (i.e.. slot duration =  0.03 s). Simulation statistics are flushed after 

100000 slots to avoid the transient effects. In the case of correlated fading, all the 

channels are assumed to be characterized by the same fading parameters but they 

suffer burst errors independently. We derive simulation results for a wide range of 

values of normalized Doppler bandwidth to show the effects of correlated fading on 

protocol performance for different degrees of channel-error correlation.
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2.4.2 Performance Results

The variations in normalized system capacity under i.i.d. Rayleigh fading without 

capture are shown in Figure 2.7 for Pe  = 0.0. 0.1. 0.2 and 0.4. Pe =  0.1. 0.2 and 

0.4 correspond to F  =  9.6 dB.  6 . 6  d B  and 2.9 dB.  respectively. For MBFS-2  and 

MBFS-3.  even with channel fading margin of only 6 . 6  dB.  the normalized system 

capacity is about 23% which is 6 8 % of the maximum achievable capacity without 

capture (i.e.. With M  =  10 and .V =  400. for .MBFS-1. the normalized system 

capacity C  is about 28% for the same fading margin.

The performance results for correlated channel fading are shown in Figure 2.8 

for P f  =  0 . 1  and 0.2 with the normalized Doppler bandwidth f , iT  equal to 0.0084. 

0.0252. 0.5004 and 1.5003. The results for i.i.d. fading are also included in the same 

plot for comparison. W ith a carrier frequency of 900 .MHz and frame duration of 

0.03 .s (which corresponds to a frame size of 75 hjjte.'i for a 20 Khp.t channel). f , iT  

=  0.0084. 0.0252. 0.5004 and 1.5003 correspond to an .MT speed of 0.336 kii i /hr.  

1 k m / h r .  20 k m / h r  and 60 k m / h r .  respectively. For P f  = 0.1. with these values 

of JfiT.  the average length of error bursts (in frames) are 14.25622. 5.4593. 1.12245 

and 1.11486. respectively. For Pe =  0 .2 . the corresponding error burst lengths are 

13.21135. 8.40766. 1.27541 and 1.25840 frames, respectively.

Simulation results show that,  for typical values of x  and t/ (e.g.. x  =  0.7. q = 0.5. 

0.6. 0.7 for MBFS-1 and x  =  0.3. q =  0.4. 0.5. 0.7 for MBFS-2). system capacity 

under correlated fading is almost the same as tha t due to i.i.d. fading. Simulation 

results also show that, for MBFS-3.  the effects of channel error correlations on the 

normalized system capacity are small when the protocol parameters (e.g.. x.  q) are 

properly chosen. For a certain value of r. the value of the retransmission control 

param eter q  can affect the capacity degradation in the case of correlated fading. For 

example, it is observed tha t for MBFS-3. with relatively poorer channel quality (e.g.. 

F  =  6 . 6  dB) .  as f d T  decreases (i.e.. channel error correlation increases), capacity 

degradation is more graceful for q  =  0.5 compared to the degradation for q =  0.4 

(Figure 2 .8 ). while for q  =  0.7. the values of C are almost the same as those in the 

case of i.i.d. errors.

W ith  properly chosen protocol parameters, all of the three variations of the re­

transmission control scheme can effectivelv avoid the channel error correlations and
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provide considerably high capacity even without capture. Moreover, antenna diversity 

and combining schemes, when employed at the BS. would improve system capacity 

further.

The results presented above have been derived assuming that, when the channel 

is in bad state, transm itted frames are lost regardless of the corresponding power 

levels at the receiver. This assumption, as has been stated earlier, is a bit pessimistic 

since the receiver may be able to decode a frame correctly even when the channel 

s ta te  is bad. depending on the received power-level, modulation, coding, diversity and 

interference statistics. Some simulation results are shown in Figure 2.9 to dem onstrate 

how this assumption affects the performance results. Simulation results are obtained 

for the different values of the param eter p.,. which denotes the probability of successful 

reception of a frame in the case of channel fading when the corresponding power level 

is higher than that of each of the contending frames. As is evident from the results, 

for a particular system configuration. C  improves as the value of p, is increased. This 

improvement is significant at relatively higher values of p, (and at higher system load
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in the case of MBFS-1).  From the simulation results for different values of g. L and 

for different values of the normalized Doppler bandwidth, we observe that this trend 

is independent of the values of q. L and channel-error correlation pattern.

2.5 Local Adaptation Based on Binary Feedback

Up to now. we have assumed a global adaptation strateg}- where all the active mobile 

stations synchronously adapt the retransmission control probability. In such a case, 

every active mobile has to snoop' the feedback channel at each timeslot to receive the 

channel s ta tus information broadcasted by the BS at the beginning of each timeslot 

(unless the BS itself computes the value of the retransmission probability and broad­

casts it at the beginning of each timeslot). In an energ}-constrained environment this 

mode of operation may not be desirable, .\gain. if there are errors in the feedback 

channel, some of the mobiles may not be able to adapt their retransmission control
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probability synchronously with other mobiles: therefore, a local adaptation of the 

retransmission control parameter may be more desirable.

In this section, we analyze the performance of the binary feedback-based backoff 

schemes described above, assuming local adaptation at each of the mobile stations. 

In this variation, after the RLC/M A C layer receives a data  frame ro transmit, is 

set to 1 (i.e.. the mobile station transm its the frame at the beginning of the next 

slot). This mode of operation is called IF T  (Immediate First Transmission). If 

the transmission is not successful, based on the feedback information, it updates pr 

according to the backoff scheme (i.e.. M B F S-l/M B F S-2 /M D F S-S)  and switches to 

more power-conservative standby mode. ,A.t the same time, it s tarts  a timer based 

on the current value of Pr- The mobile station switches to transmit mode after the 

timer expires. While in transmit mode, the mobile station a ttem pts  retransmission 

and the above process repeats.
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fading channel under local adaptation (for M  = 10. L = 1. r = 9 .  Pg = 0 .0 .  O.l. 

0.2. fd T  = 0.00S4. 0.0252. O.oOOf. 1.5003).

The variations in the normalized system capacity with the number of mobile
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terminals (.V) are shown in Figure 2.10 for different channel quality with different 

degree of channel-error correlation. Simulation results reveal that, in the case of 

local adaptation, all the three variations of the backoff scheme perform better in 

fading channels for an appropriate choice of protocol parameters. With channel fading 

margin of 9.6 dB .  for all the three cases, q = 0.5 provides a normalized channel 

capacity of more than 30% over a large range of values of . \ / . \ [ .  The normalized 

channel capacity is more than 27% for a channel fading margin as low as 6.6 dB  

even when normalized Doppler bandwidth is as small as 0.0084. The retransmission 

backoff scheme can effectivel\- avoid the channel error correlations and provide fairly 

high system capacity over a large variation of

2.6 Chapter Summary

In this chapter, we have evaluated the performance of three variations of a global 

adaptation-based truncated exponential backoff retransmission control policy for a 

multichannel S-.\LOHA protocol in micro-cellular networks in terms of capacity, 

th roughput and delay in Rayleigh fading channels by exact Markov analyses. We have 

also introduced a capture model in the analysis. The performance results for single 

channel systems with nori-adaptive retransmission control in an error-free channel 

and an i.i.d. Rayleigh fading channel can be found as special cases from the analy t­

ical model. System performance results under correlated Rayleigh fading have been 

obtained through simulation.

For a broad range of system load, a stable system capacity as large as 30% can 

be achieved even without capture for error-free channels. Simulation results reveal 

tha t in a typical micro-cellular environment, where the ratio of the number of active 

mobiles and the number of available parallel channels is moderately high (e.g.. for 

X / M  < .30). even higher system capacity can be achieved with a retransmission 

control policy based on idle/non-idle or collision/non-collision feedback. The capture 

effect can provide better capacity with improved stability. For a particular system 

configuration, the normalized system capacity without capture has been found to be 

equal t o e ' '  for proper selection of q and x. For the assumed channel model, the 

protocol parameters can be chosen to have a stable normalized system capacity as
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large as 70% of the maximum achievable capacity for a channel fading margin of 6.6 

d B  (which corresponds to average frame error rate of 20%) even without capture.

Simulation results show tha t for properly chosen protocol parameters, normalized 

system capacities for correlated frame errors are almost same as for i.i.d. frame errors. 

The three variations of the binary feed back-based retransmission control scheme are 

found to perform equally well (and even better) in the case of local adapta tion  at the 

mobile stations. The local adaptation-based retransmission control policy can result 

in a more power-conservative R LC /M .\C  protocol.

Xon-adaptive C D M .\ S-.\LOHA systems are inherently unstable with a large pop­

ulation of terminals ([.37]-[38|). .A. similar type of retransmission control scheme can 

be devised for CDMA S-.ALOHA networks to combat the throughput degradations 

at large offered loads. This adaptive retransmission control scheme may be used also 

for TDD-TDMA/TDD-CDM.A-based channel access.
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Chapter 3 

Integrated Rate and Error Control 
in WCDMA-Based Cellular 
Wireless IP Networks

3.1 Introduction

Adaptive packet access schemes based on dynamic rate and error control can pro­

vide superior system performance resulting from higher radio resource utilization. 

\  VCD MA systems (e.g.. ETSI WCDMA. cdm a‘2000) which will be the major ra­

dio transmission technologies for IMT-2000. have intrinsic support for dynamic rate 

transmission, which can be achieved through variable processing gain ( [221-^231 ). In 

a W CDMA network, the transmission rate of a mobile station can be controlled on a 

frame by frame basis. Fast and simple algorithms for dynamic rate adap ta tion  based 

on the channel sta tus (which is a function of channel load and error characteristics) 

are to be developed for cellular WCDMA systems. The role of rate adapta tion  in a 

WCDMA system is analogous to the role of dynamic link adaptation in narrowband 

systems (e.g.. EDGE [4])-the aim is to maximize the overall network throughput 

which is constrained by channel fading, interference and noise. In fact, dynamic rate 

adap ta tion  can increase the statistical multiplexing gain with a consequent increase 

in instantaneous system throughput.

A time-slotted system is considered here in which the slot duration is fixed. De­

pending on the rate selection however a mobile station can transm it a variable num­

ber of fixed length RLC/MAC-layer frames within one timeslot, which are derived
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from the segmentation of variabie-length IP packets. In such an environment, the 

RLC/M.A.C-leveI error recovery subsequent to some transmission failure (in the case 

of non-transparent mode of operation) may be combined with the rate control mech­

anism. .\gain. for a hybrid-.A,RQ type of error recovery there are several possible 

design alternatives as will be described later in this chapter.

Dynamic rate and error control can be implemented in a centralized, distributed, 

or hybrid fashion. In the centralized case the BS will dynamically assign transmis­

sion rates to the mobile stations. The crux of the problem in this case is to sense the 

channel load and channel condition and to subsequently determine the rate combina­

tion. In fully distributed dynamic rate adaptation, each mobile station can choose a 

transmission rate independently: the problem here is to determine proper adaptation 

criteria and a suitable method of rate adaptation. Hybrid schemes can be devised 

for uplink packet da ta  transmission where the BS can assist the mobile stations in 

performing the dynamic rate adaptation. One such scheme will be described later in 

this chapter.

. \n  adaptive variable transmission rate random access scheme based on DS-CD.M.A. 

S-.A.LOH.\ in an .WVGX environment was proposed in ,24! although no rate selection 

procedure (other than exhaustive search) was assumed in the presented analytical 

model. .A.n adaptive multiple access scheme for uplink admission/congestion control 

was proposed in [25] for variable spreading gain CD.M.A. systems operating in an 

.WVGX environment. The schetne is based on the adaptation  of the retransmission 

control probability for the users with different but fixed transmission rates. The 

problem of dynamic rate control was not addressed in [25]. In fact, dynamic rate 

control and adaptive retransmission control can work complementarily to enhance 

the uplink radio spectrum efficiency.

The problem of dynamic rate allocation for optimal channel throughput (which 

will be described later) is XP-completeV Therefore, fast and efficient sub-optimal 

solutions to this problem are sought for. Here, a sub-optimal two-step rate selection 

procedure for uplink traffic control is presented, taking into account the interference 

conditions present in a cellular WCDMA network, for three different channel models.

‘The family o f . \P  (Xon-determ inistic Polynomial (-com plete problems includes m any important 

optim ization problems which are all inherently of exponential time com plexity and algorithm s for 

solving them  in less than exponential tim e do not exist.
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The performance of the scheme is compared to that of an optimal rate allocation 

scheme which is based on exhaustive search. .A. 'mean-sense' approach is used for 

inter-cell interference calculation under variable rate packet data  transmission. .\ 

.Markov analytical model is developed to evaluate the RLC/M.AC-laver performance 

with dynamic rate selection (in the ideal case) for two different hybrid .\RQ-based 

error control strategies. To this end. a BS-assisted dynamic rate adaptive medium 

access control scheme is presented.

The rest of the chapter is organized as follows. The dynamic rate adaptation prob­

lem is described in Section 3.2. Two alternatives for retransmission-based link-level 

error control strategies for packet-switched cellular WCD.M.A systems with variable 

rate transmission are also presented in this section. The different channel models 

assumed in this chapter are described in Section 3.3. The proposed two-step rate 

search procedure is presented in Section 3.4. System performance under dynamic 

rate and error control is evaluated in Section 3.-5 using a Markov model and consid­

ering constant probability retransmission control. . \  BS-assisted distributed medium 

access control scheme employing dynamic rate adaptation is presented in Section 3.6. 

Conclusions are s tated  in Section 3.7.

3.2 Dynamic Rate and Error Control in W CDMA  

Systems

3.2.1 Dynamic Rate Allocation Problem

In a cellular packet-switched \  VC DM.A environment, variable rate data  transmission 

is expected to utilize the time-varying nature of the traffic intensity in a cell in order 

to enhance the radio spectrum efficiency. W ith variable rate packet transmission, the 

number of RLC/M.AC-layer frames to be sent in a timeslot is varied depending on 

the transmission rate used in that timeslot.

Let us assume tha t the length of a slot, denoted by T,. is fixed and that the

transmission rates can be selected from the set of rates {ci. co c^}. If it is assumed

tha t L'm =  mt'i (m =  2......... :̂) and tha t only one frame (of fixed length of M

’For the rest of the chapter it is assumed that Cm =  mv i  so that the normalized value o f Vm with
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bits) corresponding to the smallest (basic) rate v\ can be sent in a slot, then for a 

transmission rate of m  frames can be sent in a timeslot. For this, a variable 

spreading gain \VCDM .\ system can be used where the basic gain is given by .V chips 

per bit. and for rate the spreading gain is reduced to \ / m  chips per bit. Note 

tha t the signal energ}' per bit {Eh) is kept constant to achieve the same bit error rate 

(BER) performance. The best performance can be obtained if the users, transmitting 

simultaneously, choose the optimum combination of the transmission rates.

In the case of optimum rate selection, the throughput (.: )̂ is maximized, i.e..

max .i(ni. n-j n^) subject to iii ~  n-, + ■ ■ ■ ~  n =  n (.3.1)
(H .ij  n.-}

where denotes the number of users choosing rate c,„ (m =  1.2.........._'). given the

total number of n simultaneous users in a slot. Here, the throughput (d) can be 

expressed by

.iirii.n-, n mn,nP,.,m frames/slot (3.2)
rn =  I

where the probability of correct reception of a frame P, ,„, is dependent, on the physical 

layer BER (Bit Error Rate) performance (i.e.. Ph,,n) (^nd hence on the channel inter­

ference and fading conditions) and on the error control protocol employed. Channel 

interference conditions depend largely on the dynamically selected transmission rates 

in the different cells.

It is not difficult to observe that the computational complexity of the exhaustive 

search for determining the optimal rate allocation (i.e.. the rate allocation vector n
=  {«I. n-i n^-}) in a system with available transmission rates v = {ci. Co r .̂}

would be of 0 ( n ’“‘). Since finding the optimal solution requires cycling through all 

possible assignments which would involve exponential time complexity, the problem 

of optimal rate selection (which is similar to the satisfiabilitij problem ([26]. p. 673)) is 

.NT-complete. Therefore, it is unlikely that a true optimal algorithm for this problem 

(other than the exhaustive search) exists. Hence, in a practical scenario, a fast and 

efficient procedure may be desirable, which may not necessarily result in true optimal 

rate allocation but in sub-optimal rate allocation.

respect to the basic rate ci is m.
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3.2.2 Realization of Variable Rate Transmission

\  ariable rate transmission in a W CDMA system can be realized either by multi-code 

transmission [27] or by single-code transmission with variable spreading gain. The 

latter, which is being considered here, is preferable for uplink transmissions due to its 

simplicity in implementation and potential for low power consumption at the mobile 

stations [28].

For single-code transmission, where a user changes the spreading factor according 

to the transmission rate, mutually orthogonal codes for different transmissions are 

possible if the rates are constrained by

c =  - ^ .  /! =  0. 1. • • • (3.3)
2"

where C; is the highest transmission rate possible, which, presumably, would be lim­

ited by some minimum required spreading gain. This results in a variable rate- 

resolution which becomes very coarse for relatively higher transmission rates. For a 

constant rate resolution, non-orthogonal spreading codes must be used as a conse­

quence of which the intra-cell interference will be increased.

3.2.3 Error Control Alternatives

Two different error control schemes, referred to as sdectivr-rppejit (SR)  and Go-Bac.k- 

m ( GBm)  scfiemes. are presented here for variable rate packet da ta  transmission. 

In the former, each frame sent in a timeslot is treated independently so tha t only 

the frames involved in errors will be retransmitted. Therefore, error recovery in 

this case is similar to error recovery in the classical selective-repeat . \R Q  scheme 

although the transmission protocol here is more complicated due to the variable 

rate transmission. On the other hand, the latter assumes a whole frame decoding 

rather than  an individual frame decoding within a timeslot. T hat is. the m  frames 

transm itted  in a timeslot (with transmission rate Cm) are treated as one single frame 

of length m M  bits (Figure 3.1). Therefore, when the whole frame is declared to be 

failed after decoding, all the m  frames in the timeslot will be retransm itted. This 

scheme is different from the classical go-back-N A R Q  scheme since the number of 

retransm itted  frames is determined only by the rate adopted (i.e.. .V is variable in 

this case rather than fixed).
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F ig u r e  3.1. ARQ-hased error control in variable rate tran.'imi.'ision .iij.stern.s.

To illustrate, flow diagrams of the proposed error control protocols are depicted 

in Figure 3.1 for transmissions from a single user assuming that the acknowledgement 

delay is T, and that the data  rate i:^ can be selected from the set {c\.  r-,. r ,} . Here, a 

heavy traffic condition is assumed so tha t newly generated frames arc always available 

which can be transm itted along with the old frames (which are being retransm itted) so 

tha t the variable rate transmission can be fully exploited from slot to slot. For a multi­

user case, it is necessary that an access control scheme is used to randomize other 

user interferences, and hence a random delay would be inserted between successive 

transmissions from a mobile station using some retransmission control scheme.

Under these two error control schemes, the probability of correctly receiving a 

frame Pc.m for a user transm itting at rate t ^  can be expressed as

■.U'

P r . m  =

z
e = 0
tm
I
e = 0

~  Ph.m)
,\t-e

nj.M \m . \ [  —e

for SR  

for GBm
(3.4)

where P^.m is the BER for a user with rate and =  k \!(k  -  /)!/(!. Here. t[tm)- 

error correction capability is assumed for a frame of length M i m M )  bits. To compare
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the performances of these two error control protocols fairly, the code rates are to be 

kept the same. For a certain value of t. the code rate r satisfies the \ 'arsharmov- 

Gilbert lower bound [29] as given by (3..5)

(3.5)

where Hi x )  = - z  log., z  -  (1 -  x) log.j( 1 — x) and >  2t -r- 1. Therefore, for a 

certain minimum value of r (corresponding to =  2/ — 1). dmm and hence 

corresponding to a frame of length m.\[. can be determined (at least approximately) 

using (3.5) with M  replaced by rn.\[.

3.3 Channel Models

In order to observe the impact of channel quality on the dynamic rare selection

and hence on the system performance under different error control alternatives, the

following three different channel models are considered here;

•  Single path channel with no fading

•  M ultipath Rayleigh fading channel with equal path gain and

•  M ultipath Rayleigh fading channel with unequal path gain.

3.3.1 Single Path Channel with No Fading

In this case, the effective signal-to-interference plus noise ratio ( 5 / . V e x p e r i e n c e d  

by a user with rate c^- is i30l

{S[XR)o. m =
x - m  t]g G  '

(3.G)
3.V 3.V V.V,

Here, x is the effective number of frames per timeslot and is defined as follows:

X =  Ui - r  2n> 4- . . .  4- m rirn  4- . . .  4- - f n -  ( 3 . < )

where the rates co v-  are normalized by the basic rate tq and q represents the

frequency reuse factor (or outer-cell interference coefficient) reflecting the inter-cell 

interference in cellular WCDMA environment, assuming a homogeneous load across
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different ceils with an offered average load of G  a t tem pts/s lo t/ce ll .  Here. G  can also 

be interpreted as the mean of the loads across different cells. T ha t is. although the 

traffic load in different cells may vary, a mean load G (averaged over all the cells) 

is assumed to be maintained across all cells. This may be achieved through R.XC 

(Radio Network Controller) in a \  VC DM.A network by using a suitable load/power 

management mechanism across different cells. Note that a  = E jc m } / ' ' ,  (E  means 

the expectation) accounts for the rate adaptation in other cells and can be expressed 

as (.\ppendix B)

Q =  ^  subject to n =  G  (3.8)
Cj

while the effect of trafhc channels carrying voice is reflected by the effective bit 

{ SXR) „ - (2 -^). ^  = ratio of bit energy and .WVG.N noise spectral density.

The BER corresponding to the rate is a function of { S I X R ) „ . m  and for 

given values of inter-cell interference and background noise, as expressed by the second 

and third terms in (3.6). it is denoted by P ,(x  — nr) here and is given by

Phi-r -  nr) = q U { S I X R ) „ (3.0)

for Q (:)  =  J X - dll.

From now onwards, the probability of the successful reception of a frame P,.,m 

corresponding to (as in (3.4)) will be denoted by P,.(.r -  in).

3.3.2 M ultipath Rayleigh Fading Channel with Equal Path  

Gain

In this case, an 1 -pa th  Rayleigh fading channel with uncorrelated scattering and equal 

average path power is considered. With this model, the effective per-path {SI XR) r . m  

for a user with rate r,„ can be expressed as

x - L  — m qaLG  /  2P&/1 - I -I

(3.10)
3.V 3.V \  .W

Here, the BER Pb.m is expressed as Ph(x ■ L — ni). and for 1-diversity order it is

given by [31]

Pb(x ■ L -  m)  =
1=0 \ I

(3.11)
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where (  =  ^ { S I XR) c . m/ [ 2  +  {SIXR)c.m]-

3.3.3 M ultipath Rayleigh Fading Channel with Unequal Path  

Gain

For m ultipath  Rayleigh fading with unequal average path power, the effective (S/.VR),

for the /th  path  (/ =  1 .2  L)  can he expressed by (.3.10). with L replaced by

Pi — 1/E{a,-}. where a, is the Rayleigh-faded path gain and £{«,-} — 1 (nor­

malized).

In this case, the BER can be expressed as [31!

Ph (x  ■ p i  -  m .  X • p 2 — rn  J' • P l  -  ui  ) =  -  ^  rr,
( = i

1 - (3.12)

where rr, =  [ i L i  ' i / i ‘ i ~  ' i ' ) with ", =  ,7( 5 / . V / ? ) , , „ .

3.4 A Two-Step Rate Selection Procedure

In this section, a two-step sub-optimal rate selection procedure is presented. The 

performance of this scheme is compared to that of the optimal rate selection scheme. 

The efficacy of controlled rate selection over uncontrolled random rate selection is 

also demonstrated.

3.4.1 Description of the Procedure

.A two-step rate selection procedure is proposed here for a specified rate vector v  

assuming n simultaneous users. The idea here is to determine the value of x (as 

defined previously) for which the throughput is maximized. Firstly, the value of 

the rate (e.g.. c^) is determined for which the maximum throughput per timeslot 

(as given by (3.2)) can be achieved when all of the mobile stations select the same 

transmission rate. The throughput is calculated here in terms of the number of basic 

R LC/M A C frames (each of length M  bits) successfully transm itted  per timeslot.

Using the notations for BER and frame success probability, as introduced previ­

ously. the R L C / MAC layer throughput 3 in the case of common rate selection by all
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the users can be expressed as follows:

rti =  n — > 3(ri[) = nP,.(n — I)

n_) =  n — > -Hn-y) = 2nPc('2{n — 1))

" m  =  'I — ^ 3(nm)  =  mnPr i m( n  -  I))

n .  -  n — f -  I ) ).

Let us denote as the optimum selection in the first s tep when all the stations 

choose the same rate. Therefore, the first step of the rate selection procedure {coarse 

search) can be described as

Procedure First.Step-Rate.Selectionf) {

m„ = m_ =  lowest available rate (e.g.. c, ) 

select next higher rate rn 

while iPArnn' )  > ( ^ )  P,.(m_n‘ )) { 

rrio = m

select next higher rate rn

}

return rn„

}

where rn_ denotes the rate nearest to rn (ni =  2 p] with m_ < rn and n ' = n — l.

Since mPArnn ' )  increases first with an increase in rn and then decreases as rn is 

increased, an optimum selection of m can be made easily by determining the largest 

m  tha t maximizes m P A rnn’ )- Note tha t the value of .r corresponding to this optimum 

rate rrio is nrrio. .\s is evident, the complexity of this step is linear with respect to 

the size of the rate vector v.

The second-step of the rate selection procedure {fine search) is performed based 

on the following:

max  n .) = Y '  m n m P A - ^ - ^ ) }  subject to

I I I - r  n -2 - r  . . . -j-n^-=  n and x  E  {nio^n. rng^n)  (3.13) 

for the nearest rates mo_ <  rUg and mo_ > mo-
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This step basically searches for a value of x  (where x  6 (mo_n.  m„^n))  th a t  offers 

a higher value of J  than that obtained during the course search step. This step 

proceeds by assigning rate mo_ (or rrio, depending on the search direction:^ to obtain 

higher ,i) to an increasing fraction of stations out of n until d increases monotonically. 

The highest achieved value of J  is denoted by J*. For a fixed v. the complexity of 

this step is linear with respect to n (i.e.. 0( n) ) .  A. C-like implementation code for 

the second step of the search procedure is given in .\ppendix C. In this particular 

implementation, the set of rates chosen is either or although

sets with a wider range of rates may be obtained by some additional computations 

(i.e.. repeating the procedure for some other rates) with the order of computational 

complexity remaining the same.

Since Prix -  rn) ~  E{Pp(x -  rn)} Prix -  a )  (using the .lensen's inequality [32]) 

d in (3.13) can be well approximated to

d(n\ . n ' , ......... n^.) = x P , ( x - o )  (3.1-1)

which implies tha t,  for x  € (m^_n. m„^n). d is more likely to assume a global max­

imum. Therefore, the proposed two-step rate selection algorithm obtains a near­

optimum selection of x  and hence a sub-optimal solution {tq. n >........n^.} for a given

a.

It is to be noted that in the case of the multipath Rayleigh fading channel model 

with equal path gain, n' = n ■ L — I during course search and x  would be replaced 

by X • L during fine search. In the case of unequal path gain, the looping condition

in the first step of the rate selection procedure would be read as

Pc(mnJ.mn.l rnn'^) > ^ j  Pp(m_n(. m-U.j m_nj_). (3.15)

where nj = n ■ pi — 1. .A.Iso. the second step ifine search) is based on (3.13) with

Prix — m) replaced by Prix ■ p\ — m . x  • pi -  m  x  ■ p i  — ni).

3.4.2 Performance Results

The variations in the value of the first step rate selection (m„) with the number of 

active users (n) for different average offered load (G) are observed for different values

^The direction refers to whether decrease or increase x.
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of r] (e.g.. q =  0.0.0.3. 0.5). (e.g.. ^  = 10.15.20 dB)  and t (e.g.. t — 2 .4 .6).

The value of the parameter q is determined using (3.8) where x  is found through the 

two-step rate selection procedure when n = G.  Parameters for channel model-C have 

been based on the vehicular-B model [33] for macro-cell. The set of available rates

is assumed to be {ci. r ,.  t' 3  cg} with =  m e,. The assumed values for some of

the other parameters are: .V =  128. M  = 128 and 1 =  2 (for channel rnodel-B).

Figure 3.2 shows typical variations in with n for 5/?-based error control for 

the different channel models previously described. Figure 3.3 shows the variation in 

m„ with n for GBm-based error control under similar conditions. While the other 

parameters remain the same, the curves move downward with an increase in the value 

of G and /o r  q and they move upward with an increase in the value of t and /o r  

This is expected since an increase in the value of G  and /o r  q increases inter-cell 

interference, which causes the maximum achievable transmisison rate to diminish. 

On the other hand, increasing the value of t a n d /o r  results in enhanced channel 

reliability and. consequently, the maximum affordable transmission rate increases. 

Note that, q =  0.0 corresponds to the case when there is no inter-cell interference. 

Therefore, the impact of inter-cell interference on the rate selection can be observed 

by varying the value of q.

The selection of the rate m„ is affected by the values of the different system 

parameters. It has been observed that with G  =  20. q = 0.5. ^  =  10 dB.  a two­

fold increase in the value of n x rn„ occurs when t is increased from 2 to 4 and it 

doubles again when t is increased to 6. With the assumed values of the parameters, 

this is observable in the case of channel model-.A. for n < 20. while in the case of 

channel model-B and channel model-C. it is observable even when n is as large as 

15. .-Vn increase in the value of n x ultimately results in higher RLC/MAC-layer 

throughput.

For the proposed two-step rate selection procedure, the effects of the different 

system parameters (e.g.. q. G.  t) on the variations in RLC/M AC layer throughput 

with the number of active users are illustrated through Figures 3.4 and 3.5 for channel 

model-C. It is observed that, among all these parameters, the FEC (Forward Error 

Correction) param eter t impacts channel reliability (and hence throughput) the most. 

This is evidenced by the large increase in the value of J* with an increase in the value
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n

F ig u re  3.2. First-step rate selection m„ vs. number of active users n (for SR-hased 

error control).

0 Ï t {t = 2. 4. 6). Improvement in the value of due to reducing G (G =  40. .30. 

20) an d /o r  p (r] = 0.5. 0.3. 0.0) is much less compared to the improvement due to 

increasing t. ,A.gain. improvement in the value of for each 5 d B  increase in ^  is 

more pronounced than that due to a reduction in G  or r/. Similar results are observed 

for other channel models as well. The effects of inter-cell interference on throughput 

can be perceived by comparing the values of J* for different non-zero values of r/ with 

those for q =  0.0. As the value of the inter-cell interference factor q increases, the 

throughput performance deteriorates.

For the different channel models, with 5/2-based error control, better throughput 

is obtained over a range of system load. For a certain average traffic load G. higher 

throughput performance may be observed with GBm-hased  error control when the 

number of active mobile stations is relatively small and it becomes more evident with 

increased channel reliabilitv.



50

8r-T
I , _____________________

' —  Channel model-C

—  channel model-A |
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F ig u r e  3.3. First-step rate selection rn„ rs. narnher of active users n (for GBni- 

based error control).

3.4.3 Performance Comparison with the Optimal Rate Se­

lection

To observe the performance degradation due to the proposed two-step sub-optimal 

rate selection, the performance of the proposed rate selection procedure is compared 

with tha t of the optimal rate selection (based on exhautive search). The mean-sense" 

approach for inter-cell interference calculation is used in the la tter case as well. For 

a certain average load G. the optimal throughput for a certain number of active users 

(n) is obtained by cycling through all possible combinations of assigned transmission 

rates to n users.

Some typical results for both the SR  and GBtn-based error control are presented 

in Figures 3.6 and 3.7. respectively, from where the suitability of the proposed sub- 

optimal rate selection procedure becomes evident. In this particular scenario with 

G  =  20. q = 0.5. t = 2 and Et,/No =  ‘-0 dB .  the maximum degradation in throughput 

for sub-optimal rate selection is found to be less than 79c in the case of 5/?-based
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F ig u r e  3.4. Effects of r] and t on variations m f  ivith n (for channel rnodel-C).

error control. Similar results are observed with GBin-hascd error control and for 

other values of the system parameters (e.g.. q. G. Eh/X„. t. v). The results shown in 

Figure 3.7 are obtained assuming v  =  {/•[. c,. • • •. c^}.

It is to be noted that, the optimal rate allocation ensures global maximum through­

put (which is the throughput summed over all the cells) but it does not guarantee the 

best iocal-throughput ' (i.e.. throughput in the target cell'). This explains the ob­

servable occasional higher throughput in the case of sub-optimal rate selection (e.g.. 

in Figure 3.7 for channel model-A and channel model-B) for some values of n. In 

this particular case, shown in Figure 3.7. the value of a  is 2.35 and 2.55 in the case 

of the two-step sub-optimal and the exhaustive search-based optimal rate allocation, 

respectively. Since a  is higher (which results in increased inter-cell interference) in the 

case of the optimal rate selection, it is not unlikely that for some values of n (number 

of active mobiles), the observed throughput in the "target cell' falls slightly below 

tha t of the sub-optimal case although the former would provide the best performance 

in the "sum of throughput' sense over all the cells. This would be due to the higher 

effective number of active users (as manifested in higher value of a  in this case) in
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F ig u r e  3 .5 . Effects of G and ^  on variation.s in .i' with n (for channel rnodel-C). 

the cfise of optimal rate selection.

3.4.4 Performance Comparison with Uncontrolled Random  

Rate Selection

The performance of the controlled rate adaptation  through the two-step search pro­

cedure is compared to tha t of an uncontrolled rate selection in Figures 3.6 and 3.7. 

In the la tter case, each mobile independently chooses a transmission rate in a random 

fashion. The ’mean-sense’ approach is used for inter-cell interference calculation as 

follows. For a particular value of G. a rate is assigned randomly among the mobiles 

and the corresponding value of q  is evaluated using (3.8). This procedure is repeated 

for a sufficient number of times (e.g.. 1000) and the average value of q is determined 

and then used for calculating the throughput (.i) for different number of active users 

in).

As is evident from Figures 3.6 and 3.7. with uncontrolled rate adaptation, the 

RLC/MAC-layer throughput decreases significantly, especially at relatively higher
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1 0 -
channe Imcdel-S

n

F ig u r e  3.6. Comparison he.tireen optimal and sub-optimal ratr selection perfonnanre  

(with SR-based error control).

system loads an d /o r  poor channel conditions (as is observed in the case of channel 

model-C). On the other hand, controlled rare adaptation can provide more stable 

throughput performance over a wide range of system load by exploiting the user and 

channel information. The performance of the uncontrolled packet access in .WVGX 

channel (i.e.. channel model-.\) is superior to the performance in the case of multi- 

path  fading channel (e.g.. channel model-B and channel model-C). This throughput 

vulnerability in m ultipath fading channels results from the very low SIXR and hence 

very high BER {Pb.m)-

3.5 A Markov Analytical Model for RLC/M AC- 

Layer Performance Evaluation

.A. Markov analytical model is developed in this section for the RLC/MAC-layer 

throughput performance evaluation in a cellular W'CDMA network with dynamic
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F ig u r e  3.7. Comparison between optimal and sub-optimal rate selection performance 

(with GBm-based error control).

rate allocation. An ideal situation is considered where the BS has complete knowledge 

about the instantaneous number of transmission attempts. The issue of estimating 

the instantaneous traffic load at the BS is not considered here but an approximate 

load estimation procedure will be described later. It is to be noted tha t,  even in the 

case of some approximate instantaneous traffic load estimation, the same analytical 

framework presented here can be used for performance evaluation.

In each slot, the mobile stations which are ready to transmit RLC/M.AC-layer 

frames select the transmission rate based on the two-step rate selection procedure 

described above. The rate selection information, which is derived based on the in­

stantaneous number of attem pts, is assumed to be broadcasted to the mobiles by the 

BS.

Uplink transmissions from the finite number of distributed mobile stations in a 

W CDMA system will be controlled by some retransmission control (or access con­

trol) policy. Therefore, evaluation of the RLC/MAC-layer performance in a cellular 

\  VC DM.A network with dynamic rate  adaptation requires considering some retrans­
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mission control (or access control) policy as well. The RLC/MAC-layer throughput 

performance is evaluated here assuming a constant probability retransmission control 

scheme.

When a transmission error occurs, mobile stations (those in the blocked state) 

a t tem p t retransmission in the following timeslot(s) with probability u. Mobile s ta ­

tions with new frames (i.e.. mobiles in the thinking state) a ttem pt transmission in a 

timeslot with probability n- Implicit here is the assumption that the mobiles always 

have a sufficient number of frames to transmit under the dynamic rate adaptation 

scenario (for example, in cases where new frames are to be transm itted along with 

the old frames to match the desired transmission rate).

Under the above stated assumptions, a Markov model can be developed where the

system states are specified by the number of users in blocked stutp. i.e.. {0. I  K }

for a finite population of 1\ users. Then, the s ta te  transition probabilities p,j can be 

expressed by

p,j =  Pr [ = j  i \ , t  = i \ i . j = { ) . l  A' (3.1G)

where X j  denotes the system state at the beginning of the dth timeslot. The proba­

bilities. p,j. can be derived as

K - t  I

Ptj = X  B( I \  -  i . k . p]  D( t . g. n)
fc =  m a . x ( l ) . j  - I  ; )

■ Pv [k ~  t — j  successes ! k ~  g = n a t tem pts i  (3.17)

where B( k . l . p )  = p '( l  -  p)^ ‘ and

P r [ k ^ i - j  successes ) k-r-g =  n a t tem pts  | =  ^

0< ifTi < nrn •
(3.18)

for 5"A-based error control, while Pc(x -  m) would be substituted for PJ"(z  -  m) in 

the case of GPm-based error control. Pc(x — m) would be replaced by P,.(x ■ L — m)

and P c(x■ py — m. X ■ p2 — rn x — m) for channel model-B and channel model-C.

respectively.

For the numerical results presented here, the rate allocation for which rii ~  ~

n^. = k + g = n and x =  rnrim- is assumed to be determined by the two-step

rate selection procedure described previously.
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The stationary probability distribution (7r,|z =  0. 1 A'} can be computed by

solving the equations - j  =  n-,p,j for j  =  0 .1  A' and ", =  1: therefore.

the steady-state channel throughput is given by

K
=  (3.19)

1=0

where J(i)  is the system throughput when .\,i = i and can be expressed as follows 

(Appendix D);

K -I I
3(i) = y '  B ([ \  -  i .  k .  pi B{i.  (J. !/)

k = 0  <j—i) 

k ~ g

y ' ,  (tn.svn -r mP,.{.r — m )[l  — *(.r — n))j(n,„ —
. m = 1

n  •'’Vr,• A*,-"( -  rtl))
m= I

(3.20)

Xote tha t P ^ { x  — nr) and — nr) would be replaced by P^(.r — nr] and 1.

respectively, in the case of GBm-based error control. Here. p . ( r  -  m)  depends on 

Ph.m and hence on the channel model used.

Typical variations in throughput 3 with average system load G for the two-step 

rate selection procedure are shown in Figure 3.8. For a given number of users A', the 

values of // and u are chosen so that the average load experienced becomes G. L'nder 

the full load condition, this is achieved by choosing = n = ^  ( K  > G)  in this case. 

For the results presented here. A is assumed to be equal to ôO. Simulation results for 

the GBm  scheme are very close to the corresponding analytical results, while, in case 

of SR  scheme, analytical results act as lower bounds, which is presumably due to the 

approximation used in (3.20). As the channel condition deteriorates, the throughput 

drops off rapidly with an increase in the value of average offered load G. When the 

average load is relatively small and /o r  channel condition improves. GBm-based error 

control may offer higher throughput than  BB-based error control.

In an underload situation, the Markov model would be extended with the number 

of blocked states being equal to the number of available rates (as opposed to I in this 

case).
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F ig u r e  3 .8. Vahation m  J  with G with tnio-.itep rate selertion procedure.

3.6 A BS-Assisted Distributed RLC/M AC Proto­

col with Integrated Rate and Error Control

In a cellular WCDMA environment, it may not be easy to control the variable rate 

transmission (in a timeslot) from the mobiles in a centralized fashion based on the 

instantaneous traffic load (i.e.. the number of transmission a ttem pts). This difficulty 

is due to the fact that information regarding the ready to transm it mobiles may not 

be known a priori unless a sub-rate channel is maintained for each active user to 

inform the BS of the next transmisison a ttem pt which would cause extra overhead on 

channel resources. .Again, in a fully distributed environment the mobiles may not be 

able to choose the suitable transmission rates without having any knowledge about 

the system load and channel condition. Therefore, a hybrid medium access control 

scheme employing adaptive rate selection procedure may be more desirable to achieve 

high radio spectrum efficiency.

In this section, a simple BS-assisted medium access control protocol based on



58

the dynamic rate adaptation is presented which can be implemented distributedly 

in the mobile stations. Based on an estimation of the uplink traffic load, the BS 

broadcasts the sub-optimal rate selection value in each timeslot, which is used by all 

the mobiles ready to transmit in the next timeslot. Note tha t all the mobiles use 

the same transmission rate in this case, which is derived through the first step of 

the sub-optimal rate selection procedure described above. The BS broadcasts the 

transmission sta tus along with the rate selection value (i.e.. rn„) in the next timeslot; 

tha t is. the feedback delay here is one timeslot.

The RLC/M AC procedure can be described as follows:

i. The BS estimates system load in a cell in terms <T the number of mobiles 

a ttem pting transmission in a slot. The load is estimated using a low-pass filter 

which computes average load h [ d )  based on the number of mobiles [ n , n ( ( l ) )  for 

which all the frames (at least one frame) have(has) been received successfully 

in case of G5m(5/?)-based error control. That is.

n[d) =  c X rimid) (1 -  c) x n{d  -  I), where c is the low-pa.ss filter gain.

ii. Based on the load estimate h(d).  the BS computes the rate w„ using the first 

step of the two-step rate search procedure as previously described and broad­

casts it to the mobiles in the [ d I jth  slot. If u[d) =  0. the highest rate is

chosen.

iii. The mobiles which are ready to transmit, use rate m„ for frame transmissions 

in the (d -r 2)th slot.

iv. The retransmission control (or access control) probability is controlled locally 

at the mobiles by a truncated exponential backoff scheme ! l4j. In the case 

of successful transmission (of all the frames/at least one frame in the case of 

GBm/SR-ha.sed error control) the retransmission probability is increased miil- 

tiplicatively while in the case of transmission failure (of all the frames), it is 

decreased multiplicatively. That is.

{d ' I) /  tnaz (pm.n- p(d) X g ) . if the transmissions were unsuccessful

I  m in {pmax- P( d) / q) . otherwise
where p(d) and p (d 4 -1) are the retransmission probabilities for the dth  a t tem pt

and (d -f I)h  a ttem pt, respectively. Here. 0 < p^ax <  T 0 <  t/ <  1. Pmin = ç".

s 6 I.  For the rest of the chapter p(l)  = q and p^ax =  T
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It is to be noted tha t,  although the channel load in the ’target cell' varies with 

time depending on the retransmission control policy, the average system load over all 

the cells is assumed to be constant so tha t the ’mean-sense' approach for inter-cell 

interference calculation can still be applied.

The performance of this medium access control scheme is evaluated using a C- 

coded time-driven simulator. . \  heavy traffic load condition is assumed at the mobiles 

so tha t each mobile can transmit as many packets as required in a timeslot to match 

the required transmission rate. The values of the backoff rate param eter iq] and 

backoff limit parameter (.s) are assumed to be 0.5 and 8. respectively. The value of 

the low-pass filter gain (c) is assumed to be O.Ô.

Simulation results, illustrating the performance of the above RLC/.M.-\.C scheme 

in terms of the R LC /M .\C  throughput (.i) under a varying number of users (A'), are 

presented in Figures 3.9 and 3.10. Xote that K  is the upper bound for the number 

of active users transmitting in a timeslot [n). To compare the performance with 

tha t of the sub-optimal case with a centralized two-step rate selection based on the 

instantaneous traffic load, the values of J" corresponding to the varying n are also 

plotted.

.A.lthough the same rate (derived through the first step of the rate selection pro­

cedure) is used by all the mobiles during a timeslot, the observed throughput per­

formance for the chosen parameters is fairly close to the sub-optimal performance in 

the case of a two-step rate selection procedure with exact instantaneous traffic load 

estimation. The increased throughput stability at higher values of n (for model-C in 

Figure 3.9 and both for model-.\ and model-C in Figure 3.10) is due to the retrans­

mission backoff policy employed herein. Throughput degradation at higher values of 

n in the case of channel model-.\ (Figure 3.9) may be avoided by suitably adjusting 

of the retransmission control parameters (i.e.. q and .s). It is to be noted tha t the 

values for the parameters q and .•> assumed here have not been optimized.

Since the actual number of users transm itting in a slot is upper-bounded by K.  

for a certain value of A . the observed throughput with the distributed access control 

scheme would be upper-bounded by the maximum throughput obtained in the case 

of two-step rate selection over the range of n. extending from 0 up to A' (i.e.. 0 < 

n < K) .  W ith enhanced channel reliability (e.g.. for channel model-.A.) a n d /o r  when
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the number of users (K )  is relatively small. GBm-based error control outperforms 

SB-based error control. Simulation results make it evident that the proposed BS- 

assisted distributed packet access control mechanism with controlled rate adaptation  

can provide high throughput performance.

3.7 Chapter Summary

The problem of optimal dynamic rate allocation among mobile stations for variable 

ra te  packet da ta  transmission in a cellular wireless network is XP-complete. There­

fore. fast and simple sub-optimal schemes for rate adaptation are to be devised. 

Again, interference calculation under variable rate transmission is non-trivial in a 

packet-switched cellular CDMA network with heterogeneous traffic load in different 

cells.

.A sub-optimal two-step d\*namic rate selection procedure has been proposed in this 

chapter for uplink packet data  transmission in cellular WCDMA networks, which has
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been based on a novel 'mean-sense' approach for inter-cell interference calculation 

under variable rate transmission. This 'mean-sense' approach is restricted by the 

requirement that,  although the system load in different cells may vary, the mean load 

averaged over all cells is to be kept fixed. This requirement is not too restrictive for 

a cellular packet-switched WCDM.A. network where the R .\’C may be responsible for 

load/power management across different cells to ensure the stability of the network. 

Performance evaluation under a heterogeneous traffic load scenario, where the mean 

traffic load averaged over different cells is time-varying, needs further investigation.

The performance of the proposed fast and simple two-step rate selection procedure 

is fairly close to tha t of the optimal rate selection found through exhaustive search, 

which is not feasible from an implementation viewpoint. Two different error control 

alternatives in a variable rate packet da ta  transmission scenario, namely. SR  and 

GBm. have been presented and their performances have been analyzed for three 

different channel models. W ith an enhanced channel reliability and /o r  when the 

number of users is relatively small, the GBm  scheme has been observed to outperform
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the SR  scheme. S/î-based error control offers superior performance over a wide range 

of system load.

general Markov model for evaluating the system throughput under dynamic 

rate allocation (in the ideal case of instantaneous exact load estimation) with two 

different error control alternatives has been presented, assuming a constant proba­

bility retransmision control. Lastly, a BS-assisted distributed medium access control 

scheme employing dynamic rate adaptation has been proposed. The throughput per­

formance of this scheme, for chosen protocol parameters, has been observed to be 

fairly close to the performance of the ideal scheme with two-step sub-optimal rate 

adaptation.



63

Chapter 4

Higher Layer Protocol 
Performance in CDMA S-ALOHA 

Networks with Packet Combining 
in Rayleigh Fading Channels

4.1 Introduction

CDMA S-ALOHA is an efficient way of multiplexing packet data  in the radio in­

terface of wireless networks. .\s a multiple access protocol. C D M .\ possesses the 

advantages of zero channel access delay, potential for high throughput performance 

and low peak power in the transmitters. The random access scheme in the reverse link 

comrnon-channel in WCDM.A.. which has been proposed as one of the radio transmis­

sion technologies for IMT-2000. is based on multi-code spread S-.ALOHA ( [.35j-.36j). 

The performance of a CDMA S-.ALOH.A system is primarily limited by .M.AI (Multi­

ple Access Interference) and channel fading: therefore, different techniques are needed 

at different protocol layers to combat the detrimental effects resulting from these phe­

nomena.

Satisfactory throughput performance can be provided by limiting the number of 

simultaneous transmissions (and hence MAI) under dynamic system load through 

the adjustment of the RLC/MAC protocol parameters (e.g.. retransmission control^

‘The terms ’retransmission control" and access control" are used interchanseablv here.
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parameter). A CDMA S-ALOHA system tha t uses a constant retransmission prob­

ability is inherently unstable with a large population of terminals [37]. Scheme such 

as M C LSP (Modified Channel Load Sensing Protocol) was proposed to combat the 

effects of throughput degradation at large offered loads and was analyzed for infinite 

population systems [38]. As for the other random access protocols, retransmission 

probability (pr) is the most appropriate R LC /M .\C  level param eter that can be var­

ied here to achieve a good delay-throughput characteristic under dynamic system 

load.

.Again, some diversity reception and packet combining schemes can be used in the 

physical layer to cope with the detrimental effects of M.AI and channel fading ([391-

[43]). In particular, a retransmission diversity packer combining operation in CD.M.A 

networks can be well-suited for flelay insensitive reliable da ta  transmission services.

Either one or two levels of error recovery can be performed on top of the physical 

and M.AC layers in a random access CD.M.A system. Two levels of error reco\ ery are 

required for reliable da ta  transmission when the underlying link layer is semi-reliable 

with some maximum allowed number of retransmissions in the case of unsuccessful 

transmission of a link-layer frame. Having two levels of error recovery implies the 

presence of a transport-level protocol on top of the physical and RLC/M.AC layer 

(similar to the IS-99 protocol standardized for CD.M.A circuit-mode data). Two levels 

of error recovery may allow more flexibility in selecting packet" size at the higher level

[44]. Performance comparisons of two retransmission protocols for CDM.A circuit­

mode da ta  were carried out in [44].

Transport protocol performance is of paramount importance as far as user's ap­

plication level QoS is concerned. The performances of two timer-based T C P  imple­

mentations were investigated in [45] when the wireless channel is periodically taken 

away from the end to end connections. Retransmission control at the RLC/M.AC 

layer can significantly affect the transport protocol performance. Slow frame loss 

recovery may trigger frequent transport protocol timer backoff resulting in verx" poor 

delay-throughput characteristics. .Again, the RLC/M.AC layer performance will be 

largely affected by the physical layer design.

In this chapter, the RLC/M.AC-layer and transport-layer throughput performances 

of a CDM.A S-.ALOH.A svstem have been analvzed with retransmission diversitv
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packet combining under frequency selective Rayleigh fading for three different heuristic- 

based RLC/MAC-layer retransmission control schemes, namely. TEB (Truncated Ex­

ponential Backoff). A IM D  (.Additive Increase and .Multiplicative Decrease) and .MB 

(p-law Backoff). Two transport protocol timer control mechanisms, namely. EB  

(Exponential Backoff)  and EW.M.A (Exponential Weighted .Moving .Averaging), are 

considered. The identification of suitable RLC/M .\C-layer access control technique 

and transport-layer timer control mechanism for a CDM.A. S-.ALOH.A network with 

packet combining and two levels of error recovery are of particular interest.

The organization of the rest of the chapter is as follows. Section 4.2 describes 

the background and motivation of the work. The system model is presented in Sec­

tion 4.3 along with the different RLC/M.AC-layer retransmission control schemes and 

transport protocol models for CDM.A S-.ALOH.A networks that are being considered 

here. Subsequently, the performance results obtained through computer simulation 

are presented in Section 4.4. Finally, the key observations are summarized in Section

4.Ô.

4.2 Background and Motivation

Packet combining techniques are known to the wireless communications engineers and 

researchers as a means of improving channel utilization in packet radio networks ( l39j- 

[42]). Recently, a bit level packet combining scheme employing selection diversity at 

the output of the correlator receiver has been proposed in !43] to improve system ca­

pacity and reliability in DS/CDM.A networks. Lower bounds on system throughput 

were derived under Poisson distributed independent traffic arrival for different diver­

sity order although no specific retransmission control strategv- was assumed therein.

Since the time-varying nature of the number of interfering packets (with respect to 

a target packet) was deemed difficult to track analytically, the bounds derived in [43] 

are contingent upon the value of the maximum number of interfering packets ( with 

respect to a target packet) during the course of retransm itting the target packet. 

Since the distribution of the number of interfering packets in such a system is de­

termined by the retransmission control (or access control) policy ([13]-[14j. [46l-[47]) 

employed a t the RLC/MAC layer, evaluating the performance of such a system in
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a practical network scenario requires considering the access control policy employed 

therein. Better throughput stability can be achieved by using an appropriate access 

control policy.

The work presented here complements the work in [43] in that the R L C /M .\C  per­

formance of CDMA S-.A.LOHA networks with diversity packet combining is analyzed 

under three different retransmission control schemes through com puter simulation. 

It focuses on the effects of macrodiversity packet combining on higher layer protocol 

performance to get insight into the identification of suitable protocol mechanisms at 

different layers which would be recpiired for transmission protocol stack performance 

optimization. We demonstrate how the different transport protocol mechanisms (e.g.. 

retransmission timer adjustment method) react differently to the different R L C /M .W  

layer access control techniques. The achieved throughput is sensitive to the reaction 

of different timer control mechanisms to the highly variable channel access and packet 

transmission time. Simulation results indicate how the different physical layer param ­

eters (e.g.. code rate, number of resolvable multipaths) affect the RLC/M.A.C-layer 

and the transport-layer throughput performances under different RLC/M .\C-layer re­

transmission control schemes, which, in turn, reveals some alternative physical layer 

design choices.

4.3 System  M odel and Assumptions

4.3.1 Traffic Source Model

The da ta  users are modeled as packet pipes', i.e.. over the time considered, a user 

always has da ta  to transmit in each timeslot. Although users having a very long 

stream of da ta  traffic are less likely to use random access channels (except in cases 

where there are cost constraints), this traffic model allows us to evaluate the system 

performance under full load condition. It is to be noted tha t,  under such conditions, 

the throughput of a transport protocol connection is maximized.

For a fixed number of mobile stations, traffic arrivals as interm ittent packet bursts 

would result in a reduced system load (compared to tha t in case of full load situation). 

Therefore, results obtained with some bursty traffic arrival patterns (e.g.. for Pareto 

distributed inter-arrival time and burst-length) do not give much more insight than
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those obtained under full load condition by varying the number of active mobile 

stations.

Each of the mobile stations having a unique spreading code synchronizes its 

RLC/M AC-layer frame transmission so tha t it initiates transmission a t the beginning 

of a timeslot. Each RLC/MAC-layer frame is channel coded so tha t it is correctly 

decodable even when a maximum of t bits are in error ( bit errors are assumed to occur 

independently) although no specific coding and interleaving scheme is assumed herein. 

If the BS receiver can decode the frame successfully, the mobile station receives an 

ACK before the beginning of next timeslot. When the transmission is unsuccessful, 

the same frame is scheduled for retransmission using a retransmission control policy.

4.3.2 Channel and Receiver Model

.A. frequency-selective m ultipath fading channel is considered with a maximum of 

L resolvable multipaths. The maximum multipath delay spread is assumed to lie 

less than the symbol duration to avoid intersymbol interference. It is assumed that 

the MAI follows a Gaussian process and that the channel has a constant m ultipath 

intensity profile (i.e.. variance of energ}' is equal for all multipaths).

The BS uses a correlation (matched filter) receiver. Figure 4.1 depicts the system 

model, assuming K  simultaneous transmissions and a non-diversity receiver. In the 

case of macrodiversity (i.e.. retransmission packet diversity), instead of discarding 

the frames tha t are found to be erroneous, the receiver retains and processes all the 

copies of a frame using post-demodulation diversity combining. Selection diversity 

is employed at the bit level at the output of the correlator to form a more reliable 

packet by using all the stored copies. That is. the detection of a bit in a particular 

packet is based on the maximum measured SNTR (Signal-to-Xoise plus Interference 

Ratio) corresponding to the bit among all the diversity copies. The decision criterion 

in the case of d / th  order diversity is therefore ma.r[a,j. i = where n, is

the channel gain corresponding to the ith diversity branch. Microdiversity reception, 

which is not being considered here, will further enhance the system performance. 

The RLC/MAC-layer frame transmissions from the mobile stations can be depicted 

as shown in Figure 4.2.

The system model under the above stated  assumptions allows for insight into the
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system performance without being too unrealistic. Since the intent is to explore the 

inter-layer protocol interactions, more complex diversity combining mechanisms (e.g.. 

maximal ratio diversity combining) are not considered here. The incorporation of a 

more complex diversity combining model may not provide much more insight as far 

as inter-layer protocol interactions are concerned.

If the combining operation is performed in an incremental fashion, i.e.. the newly 

received retransmitted copy of a frame is combined with the stored combined frame 

from previously received copies (with errors), the additional buffer space required 

would be only one frame.

Under the above stated assumptions. BER without any diversity combining is !43j

(4.1)

with ~o =  0.5 X 4- ) • where A'c =  number of chips per da ta  bit.

Eb/Xo — ratio of bit energy to the AWGX noise spectral density. L = number of 

resolvable multipaths and =  variance of energ>- corresponding to the first m ultipath  

component.

P JA ')  =  - .  1 -
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BER with diversity combining is

-  f c = 0

where *o =  0.5 x ^ a n d  M  is the diversity order.

After the BER is determined, for a frame size of .Vp hits with /‘-hit forward error 

correction coding, the FER (Frame Error Rate) can he calculated as follows:

F E R { K )  =   ̂ -  é  ^ j  -P b i^O - ( I -  A (/v  ))•''’■" . (4.3)

It is assumed that the ACK information from the BS are transm itted error-free 

on the downlink channel. This is a reasonable assumption since the small number 

of hits conveying the .A.CK information can he adequately protected through channel 

coding. Since a mobile station transmits a new frame only after the previous one 

has been successfully transm itted and since the despreading operation in the receiver 

is based on the unique spreading code for each mobile, the chance of wrong packet 

combining is minimized (or possibly eliminated).

4.3.3 Retransmission Control Schemes

The three following binary channel-status ( .s a cce.s.s/n o n -.s /! cce.s.s ) - based retransmission 

control policies are considered:

•  Truncated Exponential Backoff (TEB) Scheme

•  Additive Increase and Multiplicative Decrease (AIMD) Scheme and

•  ;/-Iaw Backoff (MB) Scheme.

TEB Scheme: The retransmission control probability in this case is updated  ac­

cording to the following:

{max(prnin-  p(e) X / { n ) . if the transmission was unsuccessful 

mill (pmax- ■ if the transmission was successful

where p(r)  and p ( r - r l )  are the retransmission probabilities during the r th  a t tem pt

and (r  l ) th  a t tem pt,  respectively. Here. 0 < pmax <  1- 0 < q a  < 1. Pmm =  q li -  

E I  [siL >  0). In the rest of the chapter, we assume p(l)  =  Ql l  and P m a x  =  1-
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AIMD Scheme: In this case, the binary feedback (sucress/coHision) information 

is used to update  the retransmission control probability according to the following:

{maxiprnin-  x  a ) . if the transmission was unsuccessful

mill iprnax-  P i ’’ ) 4 -  ( 1  -  p(c)) X  6 ) . If the transmission was successftd 
where 0 < o <  1 and 0 < h < 1.

If the recent transmission by a mobile station is unsuccessful due to collision, then 

the mobile decreases the value of the retransmission probability multiplicatively. In 

the case of successful transmission, it increases the retransmission probability in an 

additive fashion. In this scheme, a decrease in the value of p(r)  in the case of collision 

is expected to be more abrupt compared to an increase in the value of p(r)  in the 

case of a successful transmission. This concept is similar to that of the TC P window 

adjustment in the case of network congestion.

MB Scheme: In this case, the binary feedback (.nu-œss/failurp.) information is used 

to update  the retransmission control probability according to p-law and inverse p-law 

[48] as follows:

{min  ( '”! . Pmax)- if the transmission was successful

m ax   ̂ ^ Pnun) ■ if the transmission was unsuccessful.
Here, p is a non-zero positive integer and is called curvature control parameter.

The rate of increase of p{r] is high at low values of p(r] while it decreases as p{r)

approaches I. The rate of increase is determined by the parameter //. .\gain. the rate

of decrease is high for large values of p{r) and it diminishes as p(r)  decreases.

.A.11 these schemes can be used either globally or locally. For global adaptation, the

BS can update the value of the access control parameter, based on the transmission

status during each timeslot, and can broadcast the value to the mobile stations. For

local adaptation , each mobile can adjust the value of the access control parameter

independently of the other mobiles based only on the feedback status corresponding

to its own transmission, thus resulting in a more power-conservative' R LC /M .\C

protocol.
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4.3.4 TP (Transport Protocol) Models for Two Levels of Er­

ror Recovery

A transpori-layer protocol capable of end-to-end error recovery can be used for ensur­

ing reliable transmission for non-real-time data  traffic (e.g.. F T P  traffic). .A. TPDL’ 

(Transport Protocol D ata L’nit) consists of several RLC/MAC-layer frames and. in 

the case of RLC/MAC-layer failure, the transport protocol reacts by retransm itting 

the entire TPDU. In IS-99. the CDM.A. circuit mode da ta  transmission standards, the 

link-layer frame size is 24 bytes (with 19 bytes of payload), which corresponds to a 

slot duration of 20 m.s for a channel da ta  rate of 9.6 Kbps and the T C P  segment size 

is Ô36 bytes.

For each TPDU. the transport protocol at the transm itting mobile station main­

tains a retran.'iniis.'iion timer (RT)  expiration of which triggers retransmission of the 

corresponding TPD U . . \ t  the start of transmission of a TPDU. the value of retrans­

mission timer is set to some retransmission timeout ( RTO)  value. For TCP. the three 

technicptes that deal with the calculation of the RTO are |49j: R T T  ! Round Trip 

Time) Variance Estimation (.Jacobson's A lyon thm ). Exponential Backoff, and Karri's 

.Algorithm.

Here, two transport protocol timer mechanisms are considered: one is purely based 

on exponential backoff and the other is a hybrid scheme based on exponential back­

off and on the weighted moving averaging of the transmission delays corresponding 

to the successfully transm itted  TPDUs. It is to be noted tha t several other varia­

tions of these timer management schemes are possible depending on some different 

increase/decrease mechanisms for the RTO value. For brevity, discussions are limited 

to only these two fairly simple schemes that involve only a few parameters and enable 

us to clearly dem onstrate the impact of the transport-layer timer control mechanism 

on system performance.

For S-ALOHA-based channel access, the retransmission strategy at the transport 

layer is stop and w ait’: in other words, the transport protocol transmission window 

size is always equal to one TPDU. Therefore, the transport protocol entity here does 

not employ any dynamic window management technique (e.g.. conventional slow- 

s ta r t ’ and congestion avoidance’ mechanisms used in TCP). The two variations of 

the transport protocol are described below.
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4.3.4.1 T P with EB (Exponential BackofF)-Based R T O  Control

In the Exponential Backoff  scheme, after successful transmission of a TPDU. the RTO 

value is reduced multiplicatively (i.e.. each source will now wait a shorter time before 

retransmitting the following TPDU. if required). In the case of transmission failure, 

the RTO value is increased multiplicatively so tha t each source will wait a longer 

time before timing out for a second retransmission, if it is required at all. Successive 

packet losses lead to RT backoffs and TPDU retransmissions and hence the transport 

protocol throughput decreases. The R LC/M .\C  layer should perform faster frame- 

loss recovery by using retransmission to reduce RT timeouts. Slow frame loss recovery 

may trigger frequent transport protocol timer backoff which causes very poor system 

performance.

The transport protocol in this case can be described as follows;

Procedure Tran.sport.One() {

1. RTO  =  RTOmin- /*  initialization done at liie start of a session */

2. Send TPD U  to RLC/M AC layer.

3. S tart RT with timeout value =  R TO .

4. Wait until ( .\CK for the TPDU is received from RLC/.\1.\C layer) 

or (RT times out).

If (.A.CK is received)

RTO = m a x (R T O  x q j i . RTO,n,n)- 0 < ({tl < TO 

Else if (RT times out)

R T O  = m in [ R T O  jciTL-RTOmax)-
5. Go to step 2.

}
In conventional T C P  implementations, after a timeout occurs, the timer value cor­

responding to a T C P  connection is updated in a similar fashion as in Tran.sport.One. 

But the RTO value is also updated regularly, depending on the RTT estimates that 

are calculated based on the measured RTT values corresponding to successfully re­

ceived unretransm itted T C P  packets.
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4.3.4.2 T P  w ith EW M A (Exponential W eighted Moving Averaging)-Based  

RTO Control

In this case, the estimated RTT delay for a TPDL' is calculated using a low-pass filter, 

as in the .Jacobson.-^ Algorithm, except tha t the RTT calculation is not augmented 

with an estimate of the mean deviation in RTT. The RTO value is equal to the 

estimated RTT value.

The transport protocol can be described as follows:

Procedure Tran.-iport^TwoO {

1. R T O  =  RTOmin r  initialization done at the start of a session * j

2. Send TPD U  to R L C /M .\C  layer.

3. S tart RT with timeout value =  R T O

4. Wait until (.UCK for the TPD U  is received from R LC /M .\C  layer) 

or (RT times out)

If . \C K  is received (say. after time t,p)

R T O  =  ( 1  -  c )  X  R T O  4 -  c  X  t t p .  0  <  c  <  1 .Ü  

Else if (RT times out)

R T O  =  m in (R T O /q r i .  RTOmax)- 0 <  gri. < UÜ 
Ô. Go to step 2.

}
Conventional TCP implementations update the RTO value as the sum of the 

smoothed average and four times the s tandard deviation of the RTT values (Jncoh- 

.-ion'.s .4Igorithm).

During simulation, the values of RTT and RTO can be measured/controlled in 

a more "fine-grained" manner than those for some of the current implementations. 

For example, in TC P Tahoe, the RTO values can be changed only with a minimum 

resolution of -500 m.s.

4.3.5 Unreliable TP Throughput Performance

In the case of an unreliable transport protocol (e.g.. UDP (User D atagram  Proto­

col)) th a t  may be appropriate for traffic which is moderately loss sensitive and delay 

sensitive (as opposed to delay insensitive but loss sensitive traffic), a TPD U  is not re-
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transm itted  when one or more of the link-layer frames is (are) lost due to MAI and /o r 

channel fading. Since it is a single-layer ACK-based error recovery mechanism, there 

is no need for any timer management.

When a frame transmission is unsuccessful, it is assumed tha t the RLC/M AC layer 

keeps retransm itting the corresponding frame until it is successfully transm itted  or 

the delay reaches some predefined maximum limit Di. In the la tter  case, the frame is 

discarded and the mobile station schedules the next candidate frame for transmission. 

In this case, the BS receiver should be able to flush the corresponding combining buffer 

after the delay limit.

4.3.6 Performance Metrics

•  RLC/M AC-Lai/er  (or Link-Laijerj Throiujhput iT u J :  It is measured as the 

number of RLC/M.AC layer frames successfully transm itted  per frame-time (or 

timeslot). For single-level error recovery, application level throughput can be 

measured from Tll well.

•  Transport Protocol Throughput (Tri.)'- It is measured as the minimum amount 

of transport-layer data  transferred per unit time over the wireless channel. For 

the different values of the FEC (Forward Error Correction) parameter t. the 

\'arsharmov-Gilbert bound [50j in (4.4) is used to determine the lower bound 

on the number of information bits (k) that can be allocated in an RLC/MAC- 

layer frame of size Sp  bits so that up to t single bit errors can be corrected. 

Hence, based on the TPD U  size, the lower bound on the number of information 

bits in a T P D U  can be determined.

Ap -  log.j ^   ̂ T j >  ̂ -  logj ^   ̂ T j -

•  Frame Dropping Probability (Pdrop)’ K is measured as the fraction of the total 

RLC/MAC-layer frames dropped for which the waiting time exceeds the pre­

specified delay limit D;. It is one of the performance measures for the different 

access control schemes in the case of single-level error recovery for moderately 

loss sensitive and delav sensitive da ta  traffic.
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4.3.7 Simulation Architecture and Parameters

The system architecture considered here is similar to the one described in [51j where 

the BS is assumed to be connected to the PSTX through an interface called IWF 

(Inter-Working Function) and a reliable transport protocol provides a reliable con­

nection between the mobile station and the IWF. L'plink transmissions, from mobile 

station to BS. are only being considered here.

A C-coded event-driven simulator is used for performance evaluation. In the 

simulator, the event set is comprised of the following two events: Tim.e.Slot and 

Update.Rexmit.Proh. The Time.Slot event occurs periodically with the period being 

equal to the length of a  slot in time. The event Retransrni.'i.non.Time.Out occurs only 

when the timer corresponding to a TPD U  in a mobile times out. in which case, the 

RTO value is updated accordingly. The set of tasks performed while executing the 

Time.Slot event can be described as follows:

i. Sirnulate.Generate: for each free- mobile station, a new TPD U  is generated 

with probability pg ip^ = I under full load assumption).

ii. Staj't.Transrmssion: each mobile station attem pts to transm it an RLC/M.XC- 

layer frame with probability pr-

iii. Update.Station.Statnn'. by using the number of simultaneous transmissions K  in 

the current timeslot, the FER is calculated according to (4.3). For blockecl sta­

tions. the total number of transmissions performed so far is used as the diversity 

order {M)  for calculating the FER. The transmission s ta tus {.'iucce.s.s/failnre) for 

a mobile station transm itting in the current slot is determined by a Bernoulli 

trial with probability FER.

iv. Update.Rerrnit.Proh: with global adaptation, pr is updated for all the mobile 

stations according to a retransmission control scheme while for local adaptation. 

Pr is updated only for those which have transm itted  in the current timeslot.

V .  Update.TP.Statistics: for two-level error recovery, mobile stations for which the 

number of successfully transm itted frames equals the TPD U  size, the transport 

protocol statistics (e.g.. number of successfully transm itted  TPDUs) and the 

value of RTO are updated accordingly. For single-level error recovery, statistics

-It refers to a m obile station  which is not blocked due to som e previous transmission failure.
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on the number of successfully transm itted frames are updated accordingly.

vi. Check-Frame-Loss: in the case of single-level error recovery, it is invoked to 

check whether the transmission delay time of a frame in a blocked station has 

reached the specified delay limit, in which case, the corresponding frame is 

dropped and the loss statistics are updated accordingly.

For each point in the simulation result set. the simulator is run until ô million  

Time.Slot events have occurred and simulation statistics are flushed after 300000 

Time.Slot events to avoid the transient effects.

The different simulation parameters are: the number of active mobile stations 

(.V). the processing gain (.\'c). the ratio of bit energy to .WVGN noise spectral density 

(Eh!So), the number of resolvable multipaths {L).  the variance of energy correspond­

ing to the first multipath component ((7f). the FEC param eter t. the RLC/MAC-layer 

frame length (.Vp) and RLC/M.AC-layer backoff parameters (i.e.. q n .  a. h. 

Pmm- p(l))- the .U55 (Maximum Segment Size), which refers to T P D L  size in terms 

of number of RLC/M.AC layer frames, and the transport protocol parameters related 

to the timer mechanism (i.e.. q n .  c. RTOmm- RTOmax)- R is to be noted that, 

since service differentiation or priority among different mobile stations is not being 

considered here. EhlXo  at the receiver is assumed to be the same for all users. Since 

all users are using the same transmission rate, this would induce approximately the 

same average power for all users at the receiver.

\  allies of some of the simulation parameters used for obtaining the simulation 

results presented in this chapter are shown in Table 4.1. The value of the param eter 

Pmm- in the case of AIM D  and .\IB schemes, is chosen to be 0.005. In a practical 

networking scenario, this value may be chosen based on the factors such as network 

capacity and user delay requirements. Simulation results are obtained while keeping 

the value of the transport protocol timer backoff parameter q n  fixed to 0.5.

4.4 Simulation Results and Discussions

Some simulation experiments have been performed to observe the impact of the dif­

ferent access control protocol parameters on system performance without packet com­

bining. assuming a threshold model of M.AI (as in [52]) along with the presence of
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Param eter \a lu e Parameter \'alue

Channel rate 9.6 Kbps Slot size/.Vp 0.02 s/192 hits \

T P D U  size 24 LL frames RTOrntn- slotS 10 X TPD U  size :

RTOmax- slots 50 X TPDU size a; 63

Eb/A'. 20 dB L. 2txr 3. -7 d B

n. b {.AIMD) 0.5. 0.25 ■■'z.z. ( TEB) 8

d T L -  Ql l  (TEB) 0.5 p( l )  (.4/.MB and MB) 0.5 !

P {MB) 100 Prmn (fot .AIMD and .MB) 0.005

correlated niiiltipath fading [20j. It has been observed that, in the case of additire 

increase and multiplicative decrease I .AIMD l-hnsed access control, the RLC/M A C- 

layer throughput is almost independent of the initial value p{i)  over a wide range 

of numbers of active mobile stations (.V). .Also, for a particular set of values of a. h 

and .M.AT^ (.Multiple .Access Threshold). can be properly chosen to have a high 

RLC/M.AC-layer throughput.

W ith  p-law backoff /.V/Bj-based access control, the variation in RLC/M.AC-layer 

throughput with the number of active mobile stations depends primarily on Pm,n and 

the variation in the values of p and p( l )  does not affect the throughput performance 

remarkably. For relatively large values of .V. the RLC/M.AC-layer throughput de­

teriorates as pmin increases. W ith truncated exponential backoff /TEB/-based access 

control, a reasonably high throughput performance is observed over a wide range of 

values of .V as long as the values of the RLC/M.AC-layer backoff parameters (i.e.. q n .  

S i i )  are properly chosen. Details of these results will be reported somewhere else.

The values of the backoff parameters for the different retransmission control 

schemes assumed here are based on the above observations.

■’It denotes the maximum number of sim ultaneous transmissions that allows the frame error 

probability to remain below some desired threshold.
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F ig u r e  4 .3 . T a  fo r  the différent acces.i control schemes (for t = 2: NC = no com­

bining. WC  =  with combining).

4.4.1 Effect of Diversity Combining on T a

As expected, diversity packet combining increases the RLC/MAC-layer rliroiighput 

significantly and improves the throughput stability (Figure 4.3). .Among the three ac­

cess control schemes, the additive increase and mnltiplicative decrease (. MMD)  scheme 

outperforms all of the other schemes except in those cases where the number of ac­

tive mobile stations is relatively small. This is intuitive since, for the parameters 

chosen and for the case of low traffic load (i.e.. small .V). the additive increase of 

retransmission probability for the .MMD  scheme may not result in a system load that 

is sufficiently high to achieve higher throughput. However, with a relatively large 

number of active mobiles, the additive increase (in case of success) and multiplicative 

decrease (in case of failure) of retransmission probability can effectively adjust the 

traffic load to offer a high throughput. The concept here is similar to that of the TC P 

window adjustment in the case of network congestion.

Since p-law backoff (.MB)-hased retransmission control can adjust the value of re-
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transmission probability more rapidly, for a relatively low traffic load, the RLC/M AC- 

layer throughput ( T i i )  is higher compared to the throughput for the AI MD  scheme. 

.V/B-based access control provides greater throughput than the truncated exponential 

backoff ( TEBj  scheme. It is observed that, without packet combining, the MB  scheme 

provides the best RLC/MAC-layer throughput performance over a large range of sys­

tem load. This is due to the interrelation between the increased channel reliability 

and the dynamics of the retransmission control policies. In this case, an increased 

channel reliability affects the performance of AIMD-scheme  more positively than in 

the case of the other schemes. This illustrates the effects of physical layer techni(|ues 

on higher layer protocol mechanisms.

The RLC/M .\C-layer performance (and hence transport-layer protocol perfor­

mance) is found to be poor even with large values of t (e.g.. for t = 10) when combin­

ing is not performed (Table 4.2). For example, with .4AMD-based access control, the 

RLC/M A C layer throughput T a  ~  3.9632 without combining even when f is as large 

as 10. while with combining T a  % 3.1802 (which is approximately 20% smaller than 

the former value) for t = 2 only. In other words, for the same value of t. the achieved 

throughput is much higher (depending on the access control policy) with combining 

compared to the case without combining. The implication is that, by performing 

diversity combining at the BS receiver, very low-rate channel coding computations 

at the mobile terminals may be avoided with a consequent decrease in battery  power 

consumption to some extent. In this case, complex decoding operations at the BS 

receiver can be also avoided. This is. of course, at the expense of increased complex­

ity (due to packet combining operation) at the BS physical layer. This observation 

leads to alternative physical layer design choices where network designers can opt 

for receiver structures with some compromise between FEC decoding hardware and 

packet combining hardware.

4.4.2 Effect of Diversity Combining on Tjl

Typical variations in transport protocol throughput ( T n ) -  " 'ith  the number of active 

mobile stations (A’), for exponential backoff (EB)-hasçd  timer management for the 

different RLC/MAC-layer retransmission control policies are shown in Figure 4.4. For 

the assumed values of the simulation parameters, with diversity packet combining.
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T a b le  4 .2 . T̂ /_ ivith F E C  with/without diversity packet comhininy (Jar .V =  60: , \C  

= no combining. WC  =  with combining).

.AIMD MB TEB

t NC WC NC WC NC WC i

0 0.1820 1.7844 0.1417 0.8341 0.1124 0.3846 !

1 0.46.33 2.3.323 0.6641 1.4819 0.3908 1.2837 i

2 0.7.568 3.1802 0.9621 2.13.36 0.7379 1.9091

■5 1.7830 4.80.53 2.1953 4.0282 1.9437 3.7077

10 3.96.32 7..3017 4.4078 7.2343 4.2320 6.8186 ;

the .4/A/D scheme provides the highest throughput except when the number of active 

mobile stations is relatively small. Notable is the stable transport-layer throughput 

performance for the different retransmission control schemes over a wide range of 

numbers of active mobile stations.

When packer combining is not performed. A/D-based retransmission control pro­

vides the highest throughput performance over a wide range of system load (i.e.. .V) 

while the .4/A/D scheme may even perform poorer than the TEB  scheme. Similar 

results are obtained with some other values of E^/X,, (e.g.. for Eh/X,, = .30 dB) .

The efficacy of local adaptation  of retransmission control probability over global 

adaptation for all the three schemes is evident from Figure 4.3. The reason behind 

this is tha t,  in the case of transmission failure, for global adaptation, all the mobile 

stations, including those which have not transmitted in the recent timeslot delay their 

transmissions and this causes a decrease in channel load compared to the channel 

capacity. It is observed that, with global adaptation, for all three access control 

schemes, the transport protocol performance improves monotonically with the system 

load.

4.4.3 Effect of RTO Control Mechanism

The retransmission timer control mechanism in the transport layer can affect trans­

port protocol throughput (TVl ) significantly. The impact of different tim er manage-
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ment mechanisms on transport protocol throughput varies depending on the underly­

ing RLC/MAC-layer retransmission control scheme. Simulation results show tha t,  for 

the chosen protocol parameters, with an additive mcrm.se and mnltiplicative decrea.se- 

based access control, an improved throughput performance is achieved for exponential 

weighted moving averaging (EW M Aj-hâsed R T O  control mechanism and the perfor­

mance improvement becomes more significant with increased channel reliability (i.e.. 

with an increase in the value of FEC param eter t).

W ith p-law backoff (MB)-hased  retransmission control, the exponential backoff 

(EB)-hased  RTO control offers a higher transport protocol throughput. It is observed 

tha t,  with tnincated exponential backoff (TEBj-haned  access control, the difference in 

transport protocol throughput for EB  and ERAA4-based R T O  control mechanisms is 

smaller compared to the difference in the case of AIM D  and M B  schemes. Throughput 

is found to be higher with ER'A/A-based R T O  control when the number of active 

mobile stations (.V) is relatively small while throughput with ER-based R T O  control 

is higher for relatively larger number of active mobile stations.
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The throughpiir performance for FS-based R TO  control is sensitive to the value of 

RTO,n,n- particularly for , \ /5  and TEB-based access control schemes. The transport 

protocol throughput deteriorates as the value of RTOmm  is decreased. Simulation 

results show tha t this deterioration is more evident for relatively lower values of t 

an d /o r  .V.

4.4.4 Sensitivity of T t l  to c

For all three access control schemes, simulation results show that, with EWMA- 

based R T O  control, the transport protocol throughput [ Tj O  improves as the value 

of the low-pass filter gain parameter c (which is used for RTT estimation) is reduced 

(Figure 4.7). The transport protocol throughput is observed to be more sensitive to 

variations in c for .4/MD-based access control.
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4.4.5 Sensitivity of T t l  t o  Variation in MSS

To evaluate the effect of varying the TPD U  size (MSS)  on transport-layer proto­

col throughput ( T n ) .  simulation results are derived for different values of MSS for 

the different access control schemes. In the case of additive increase and multiplica­

tive decrease (AIMD)-ha.sed access control, exponential weighted moving averaging 

('EIT.V/.4j-based R T O  control is assumed in the transport layer while, for the two 

other access control schemes, exponential backoff (EB)-hc\sed R T O  control mecha­

nism is assumed. For different values of A/S5s. the parameters RTO,,^^  and RTO,„as 

are set to 10 x M S S  and 50 x M S S  RLC/MAC-layer frame transmission time, re­

spectively (Table 4.1). It is observed tha t the transport protocol throughput does not 

vary remarkably with varying TPD U  size for the different underlying access control 

schemes (Figure 4.8).

' t —----

AIMD (EWMAI

3 2 -

- a -  MSS = 24 
- a -  MSS = 48 
—  MSS = 60

3 0 -

MB (EB)
2 6 -

2 4 -

TEB(EB)
22-y

2 0 '
20 40 SO 80 too 120 140 160 ISO 200

N

F ig u r e  4.8 . Effect of variation o /M SS on T n  (for t = 5. c = 0.1).
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4.4.6 Effect of FEC Coding on T j l

To analyze the relative performance of the different access control schemes under 

different forward error correction coding, simulation results are derived for different 

values of t while keeping the value of Eh/^o  constant. Some typical results are shown 

in Figure 4.9. For the chosen protocol parameters, additive increase and multiplica­

tive decrease /'.-l/A/Dj-ba.sed access control coupled with exponential weighted moving 

averaging / 'f lF .\/.4phased R T O  control provides the best throughput performance 

over a wide range of values of .V except when .V is relatively small. For relatively 

small values of .V. the transport-layer protocol throughput { T n )  is found to be higher 

for p-law backoff (MBl-hiised access control scheme.

-9 -  AIMD (EWMA);
-9 -  MB (EB) 
—  TEB (EBl

60 -

5 0 -

3 0 -

2 0 -

-e-
1 0 - t = 2.

20 40 60 ICO 120 140 160 180 200
N

F ig u r e  4.9. Effect of FEC coding on T n  ( f ore = 0.2. MSS =  24)-
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4.4.7 Effects of Channel Dispersiveness and the Number of 

M ultipaths

For exponential multipath intensity profile (i.e.. when interfering m ultipaths' signal 

power decay exponentially with corresponding time delay), throughput is higher in 

a DS/CDM A S-.\LOH.A network for higher decaying factors (i.e.. when channels 

are less dispersive) [4.3]. Therefore, the performance of the different access control 

schemes under different dispersive channel scenarios will follow the same trend as in 

the case of FEC coding with different f.

Similar comments apply regarding the effect of L. the number of resolvabh' multi- 

paths. The channel quality deteriorates with increasing I  since the unresolved mul­

tipaths add to the multiple access interference. Simulation results for L =  2. 3. 4 are 

shown in Figure 4.10 for the three access control schemes under diversity packet com­

bining. . A .S  is evident from the figure, the system performance under additivp. incren.sp 

and nudtiplicativp decrease /'.4/.\/Dj-based access control improves more rapidly with 

an increase in channel reliability (e.g.. a decrease in the value of L] compared to the 

performance of the other schemes.

4.4.8 Unreliable TP Performance

The RLC/M .\C-layer throughput ( T n )  and frame dropping probability (P,irop) have 

been evaluated for different values of delay tolerance limit (D;) under different access 

control schemes. Some typical simulation results are shown in Figure 4.11. It is 

observed that, although the differences among throughputs are not significant, the 

values of frame dropping probability differ remarkably for the different access control 

schemes. For the chosen protocol parameters, among the three access control schemes, 

with the additiue increase and multiplicative decrease ( AIMD)  scheme. Pjrop is the 

least for a particular value of Di. The performance of p-law backoff (MB)-haaed 

access control scheme is better than the performance of truncated exponential backoff 

(TEB Phased access control and the improvement is not significant when the value of 

Dt is relatively small (e.g.. 1 .s).
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4.5 Chapter Summary

In this chapter, the RLC/MAC-layer anti the transport-layer protocol performances 

have been an a iy m l in a D S/C D M .\ S-.A.LOHA system with retransmission tliver- 

sity packet combining under frequency selective Rayleigh fading channels. The per­

formance results for three different R L C /M .\C  layer access control schemes have 

been presented. Two transport layer timer control mechanisms have been described 

and their effects on system performance have been analyzed. The system perfor­

mance under single-level error recovery has also been evaluated for the three different 

RLC/M A C layer access control mechanisms. The results presented in this paper pro­

vide insight into the identification of appropriate higher layer protocol mechanisms, 

which would be required for transmission protocol stack performance optimization in 

D S/CD M A  S-ALOHA systems.

The following provides a brief summar}' of the key results:

•  Diversity combining significantly affects the relative performance of RLC/M.AC- 

layer access control techniques in terms of RLC/MAC-layer and hence transport-
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layer protocol throughput.

•  The performance of the three access control schemes described above is al­

ways be tte r  with localized adaptation (i.e.. distributed control) than with global 

adapta tion  (i.e.. centralized control). .4AMD-based access control provides the 

highest system throughput over a wide range of system load, except in cases 

where system load is low.

•  In the case of two-level error recovery through a reliable transport protocol, the 

achieved throughput depends on the transport protocol timer control mecha­

nism and a suitable mechanism can be identified for an underlying link-layer ac­

cess control scheme. Different timer control mechanisms react differently to dif­

ferent access control schemes. W ith .4AMD-based access control, the transport- 

layer throughput is higher with DMAM.4-based R T O  control mechanism while, 

for M B  and TDD-based access control, a higher throughput is achieved with 

DD-based R T O  control.
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•  W ith  diversity combining employed at the BS receiver, computations for very 

low-rate channel coding may be avoided with a consequent improvement in 

power conservation a t the mobile terminals to some extent. This also leads to 

some alternative physical layer design choices.

Similar types of inter-layer protocol dependencies can be observed in systems em­

ploying narrowband modulation. Similar conclusions, therefore, may also be drawn 

for some non-CDMA systems (e.g.. EGPRS (Enhanced General Packet Radio Ser­

vice)) tha t employ physical layer performance enhancement, techniques such as dy­

namic adaptive modulation and coding.
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Chapter 5

Fair Bandwidth Allocation 
Through TDMA-Based 

Centralized MAC Protocols in 

Wireless IP Networks

5.1 Introduction

The introduction of DS (Differentiated Services) architecture [53] into the current In­

ternet aiming at providing 'scalable service differentiation" is under way. The necessity 

to provide a seamless service to mobile users has been motivating the research on DS 

wireless networks ([54|-[ô5|). Bandwidth management for fair bandwidth allocation 

among traffic flows^ will be a key recpiirement of the MAC protocols in the emerging 

DS wireless IP networks. Bandwidth allocation is done by a scheduling mechanism in 

the M .\C protocol. The scheduler and the admission controller in the base station in 

combination with the packet classifiers in the mobile stations can effectively manage 

traffic in a wireless link to maintain the SLAs (Service Level Agreements) between 

a wireless domain and its wired counterpart and thus provide necessary QoS to the 

different traffic flows.

In this chapter, we propose a unified TDM.A.-based centralized MAC framework 

for fair  bandwidth allocation among the competing uplink da ta  flows in a wireless

La. flow is a transm ission session o f packets that are generated from the sam e source and destined  

to the sam e destination.
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IP network in the presence of bursty channel errors. This unified scheme includes 

an admission control policy, a traffic conditioning scheme and a dynamic hand with 

allocation mechanism. We consider both packet-level (or slot-hy-slot) scheduling and 

burst-level scheduling for dynamic bandwidth allocation. Here, the notion of fairness  

means tha t the level of throughput achieved for the different flows over a relevant time 

interval would be proportional to their subscription levels (or profile rates), provided 

tha t the average traffic load generated by each flow is proportional to its profile rate-. 

This implies tha t almost the same average throughput would be achieved for flows 

with the same profile rate.

Extensive simulations with different flow yrain-size^. different subscription levels of 

the wireless link bandwidth, different composition of flows and different frame-lengths 

show that this fairness is robust against variations in the number of flows. How grain- 

size. TD .\I.\ frame-length and channeUerror correlation. The energ>’ efhcieiicy of the 

resulting M.AC scheme is evaluated in terms of the mobile station radio transceiver 

usage while in transmit and in receive mode for both the packet-level and the burst- 

level band with allocation.

The organization of the rest of the chapter is as follows. Section 5.2 presents the 

background and the motivation of the work. The system model is described in Sec­

tion 5.3. In Section 5.4. we present the proposed bandwidth allocation framework. 

The simulation model and the assumptions used for performance evaluation of the 

proposed bandwidth allocation framework are presented in Section 5.5. The simula­

tion results are presented in Section 5.6. Finally, in Section 5.7. the main results are 

summarized.

5.2 Background and Motivation

Throughput fairness among flows is essential in a wireless da ta  network since service 

providers are expected to prorate the available link bandwidth to the clients in pro­

portion to their subscription level in the presence of bursty channel errors. Wireless 

fair queueing is one way to provide fair access to the shared wireless channel. The

■The maximum load generated by each flow is upper bounded by its profile rate.
^Here. the ratio of the contracted rate to link data rate is referred to as the grain-stze  o f a flow.
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goal of wireless fair queueing algorithms is to make the wireless channel errors trans­

parent to users by allocating channel dynamically over small time scales. A unified 

wireless fair queueing architecture consists of an error-free service model, a lead and 

lag model, a compensation model and a method for channel monitoring and predic­

tion [56j. Since the wireless fair queueing concepts are now fairly well understood 

(e.g.. [56]-[62]). the issues concerning their efficient implementation in popular M.\C 

frameworks need to be addressed.

In this chapter, we propose a unified' dynamic bandwidth allocation framework 

tha t provides throughput fairness among flows in a TDM .\-based wireless access 

scenario. The proposed framework is unified' in the sense that it integrates dynamic 

bandw idth allocation (which most of the conventional M.-\C protocols (e.g.. ;63]- 

[65|) primarily deal with) with an admission control policy and a traffic conditioning 

scheme. The resulting M.-\.C protocol provides throughput fairness which is robust 

against the number of adm itted flows, their profile rates, da ta  burst inter-arrival time, 

maximum tolerable delay of da ta  bursts corresponding to the Hows. TD M .\ frame- 

length and channel-error correlation. In addition, the proposed scheme can be used 

in an adaptive QoS framework for dynamically adjusting the QoS' for flows in order 

to accommodate dynamic variations in wireless link resources.

Since the mobile stations will always have lirniterl power, energy conservation in 

the mobile stations is an important issue in the design of M.A.C protocols l66j. In a DS 

wireless IP network, the functionalities such as packet marking and policing are ex­

pected to be performed in the MSs with a consequent increase in the processing power 

requirement. Therefore, along with fairness, energy efficiency should be considered 

as another criterion for evaluating the performance of a .\I.A.C protocol for wireless 

IP networks. The effects of the channel-error correlation and the different protocol 

param eters on the energ}' efficiency of the resulting .\I.AC protocol are evaluated for 

both  packet-level and burst-level scheduling under the proposed bandwidth allocation 

framework. This enables us to better understand the different performance tradeoffs 

and to get insight into the identification of suitable scheduling mechanism for fair 

bandw idth allocation. The issue of energ}' efficiency has often been ignored in the 

wireless fair queueing algorithms [56] (e.g.. IWFQ (Idealized Wireless Fair Queueing).

‘Here, the .\I.A.C-level throughput is the primary QoS measure.
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CIFQ (Channel Condition Independent Fair Queueing). SB FA (Server Based Fairness 

.A.pproach) and WFS (Wireless Fair Service .Algorithm)) proposed in the literature.

5.3 System Model and Description

We assume two different frame structures for burst-level and packet-level scheduling 

as shown in Figure -5.1. Each TD.MA frame consists of a R A  (Request .Access) slot 

which is comprised of AV minislots. .V, i ' T  (L'plink Transmission) slots and an A C K  

(Acknowledgement) slot.

Each flow / ,  has a contracted profile rate (or target rate) R,. .Applications may 

view the rate R, as the one necessary to provide a specific level of service to a flow. 

In a DS network, the value of this parameter can be contracted as a part of the 

SLA. For each new data  burst, a mobile station transmits the reservation request 

information, such as the queue-length status in one of the minislots during the R A  

slot. S-.ALOHA-based contention resolution is assumed in the reservation minislots. 

-A mobile terminal may have more than one flow active at a  time.

In the case of burst-level scheduling, after transm itting the reservation request 

information, an MS can switch to a more power-conservative standby mode. .After
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the reservation request is successfully received, the BS registers the corresponding 

flow as active' for service and stores the reservation information. It then executes 

the scheduling algorithm (as described later) to compute the allocation of U T  slots 

among the active' flows in the next frame.

For burst-level scheduling, the slot allocation information (e.g.. total number of 

U T  slots. U T  slots allocated to each flow and their positions in the frame) is broad­

casted by the BS in the A C K  slot along with the acknowledgement information for 

the packets transm itted in the U T  slots in the current frame after the U T  slots in the 

current frame pass by (Figure 5.1(a)). The MSs in the standbij mode switch to reonve 

mode at the s tart of the A C K  slot. This strategy will cause at most one transceiver 

turnaround between transmit and receive mode during a frame-time.

If a new data  burst arrives while a mobile is active in transm itting the previous 

da ta  burst, it can send the new buffer information to the BS without going through 

the reservation process. In this case, the packets corresponding to the previous data  

burst are assumed to be lost.

For packet-level (i.e.. slot-by-slot) scheduling, the acknowledgements correspond­

ing to the R A  attem pts are broadcasted during the A C K  slot following the R.A. slot 

while the acknowledgement corresponding to a data  packet transmission is broad­

casted by the BS in the A C K  sub-slot during each timeslot (Figure 5.1(b)) along 

with the scheduling information for the next timeslot. The length of each A C K  

sub-slot is assumed to be times the length of a timeslot. This implies that the 

information transm itted during a timeslot is reduced by [n this case compared 

to tha t for the burst-level scheduling.

The bursty channel errors are accounted for by delaying transmission of d a ta  traf­

fic corresponding to a flow for which the transmission channel is expected to be noisy 

and by scheduling transmissions from the flows for which the channel conditions are 

expected to be good. This is similar to the channel-state dependent scheduling' 

concept presented in [59]. The channel s ta tus  information is exploited by the BS 

scheduler as follows: if the transm itted packet (s) is (are) not . \CKed by the BS. the 

corresponding MS assumes tha t the packet(s) has(have) been lost and it s ta r ts  trans­

m itting  probe' messages periodically during the R A  period. Therefore, the probe' 

messages contend with the new reservation recjuest messages in the RA minislots. .A.f-
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ter the BS receives a ‘probe’ message correctly, it assumes th a t  the channel condition 

has improved and it resumes scheduling the traffic corresponding to tha t flow again 

for transmission.

5.4 Traffic Conditioning and Scheduling for Fair 

Bandwidth Allocation

5.4.1 Admission Control Algorithm

differentiated services enhanced wireless network would require an admission con­

trol mechanism based on active flow count to combat large throughput fluctuation 

due to large numbers of active flows and hence to provide a certain level of QoS to 

the adm itted  flows. The admission control algorithm that we consider here ensures 

tha t at any instant of time the sum of the contracted rates (or profile rates) of all 

the flows (i.e.. R,) is always less than or equal to the target ted da ta  rate in the

channel. This simple admission control policy can be described as follows:

Procedure Admi^aion-Coritrolf) {

/*  /?,: Subscription level for flow i which is included as a part of SLA.

C : Total uplink channel capacity.

R: Sum of the contracted rates of all the currently adm itted flows.

fi: Targetted link utilization level. 0 < < 1. */

If +

R = R Ri 

admit flow i

}
Else

reject flow i

}
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5.4.2 Traffic Conditioning at Mobile Terminals

The DS network architecture is based on traffic classification, conditioning and schedul­

ing mechanism. Traffic classification marks the packets with appropriate DS code 

points. Traffic conditioners are used to police the traffic entering a DS domain to 

enforce conformance to SLA with downstream DS domain. Traffic conditioning is 

required to check against the greedy flows which may try to receive more bandwidth 

than the contracted bandwidth by sending more traffic. In a differentiated services 

enhanced wireless network, wastage of valuable link bandwidth available between the 

mobiles and the BS can be avoided by using traffic conditioners and shapers in the 

mobiles and by allowing the BS to adjust the traffic conditioning parameters at the 

mobiles. Marking the traffic originating from the MSs before they enter the wired 

DS domain is also advantageous in the sense tha t the MSs can more easily take the 

application's preferences into account during marking.

L'pon the arrival of a traffic burst (of length b, packets), the average rate estimator 

in the traffic conditioner computes the estimated number of arrivals (c, packets) using 

the contracted profile rate for the corresponding flow | i.e.. /?, ) and the measured burst 

inter-arrival time (f,). If 6, < e,. then the corresponding flow accumulates ( f , -  h,) as 

token for retaining packets in excess of the allowable burst-length in future. When the 

d a ta  burst-length exceeds the allowable length (i.e.. estimated length plus the number 

of currently available token), the traffic conditioner can either drop the excess' packets 

or can mark them as O U T  profile packets. Here, we assume that when the packet 

arrival rate exceeds the contracted rate, packets in excess of the number of /.V profile 

packets are dropped.

The traffic conditioning algorithm can be described as follows:

Procedure Traffic.Conditioningf) {

/*  /, : Flow i. f i (token): Token counter for / , .

Total IN  profile packets in current da ta  burst corresponding to /, .  

f,: Measured burst inter-arrival time. L: Packet length. */

/*  Initialization done after admission of / ,  */  

f i i token)  =  0

/*  Traffic conditioning/shaping actions after arrival of a da ta  burst 

e, = [{R, X t , ) /L \
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If (6, > e,) {

If ( f i ( token)  > 0) {

If ((6, -  e,) <  f^(tolcer))) {

f ,{ token) = f , ( token) ~ {h, -  e,)

} /*  If 7  

Else { 

fi((h) =  <=. +  lAtoken)  
fA token)  = 0 

} /*  Else 7

} / "  If V  

} / *  I f V
Else {

11 ( 7i ) ~
fA token)  = fAtoken]  -f (e, -  6,)

} r  Else 7

}

5.4.3 The Bandwidth Allocation Algorithm

A certain number of slots n, is allocated to flow / ,  in each frame-time depending on 

the contracted profile rate R,. Since data  traffic is expected to he bursty, a mobile 

terminal may not have packets to transmit during each frame-time. The flow f ,  

accumulates a credit  of a, units during each frame-time and loses one unit of credit 

after a packet corresponding to f ,  has been successfully transm itted. Scheduling is 

based on the credit  values of the competing flows, where flows with higher credit 

values are prioritized over the others.

We consider both burst-level and packet-level scheduling for dynamic bandwidth 

allocation. For burst-level scheduling, the BS performs the scheduling computations 

only once during each frame-time and allocates timeslots to a flow within a frame­

time in a contiguous fashion. The mobile terminals are informed of the slot allocation 

corresponding to frame t during the ACK period in frame (t — 1). For packet-level 

scheduling, the BS performs the scheduling com putations during each timeslot and
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allocates one timeslot to a flow at a time. This 'fine-grained’ scheduling would pre­

sumably enable to utilize the link bandwidth more efficiently in the presence of bursty 

channel errors. On the otherhand. since the bandwidth is allocated in a slot-by-slot 

basis, the active MSs have to snoop’ the channel during each timeslot and conse­

quently the average number of transceiver turnaround per frame-time increases.

Let us denote by f t (credit)  the credit parameter corresponding to / , .  and by 

P{t) the set of flow-ids (corresponding to the flows for which the channel s ta te  is 

predicted to be good during frame t and f,(q,) > 0) arranged in the descending order 

of the fdcred i t)  values. In P{t).  among /, with the same }\{<'r<dit) value the one 

with the highest / , (7i) value precedes the others. Let .V, denote the number of i ' T  

slots in frame t and let n, denote the number of adm itted flows with profile rate (or 

subscription level) of /?,.

The burst-level bandwidth allocation policy can then be described as follows: 

Procedure Burst .LeveLBW.AllocationO  {

/*  Initialization done after admission of /,  */

«, =  tn ax i l .  [.V, X J )

f i icredit)  = n,

/*  Distribute .V, slots among / ,  in P{t)  */

Z  =  i =  0

While (Z  > 0 and I < \P(t)\) {

: = a,)
allocate :  slots to /,

fiiqt) = ftiqi) - :
Z  = Z  - z

} /* While *!

/*  Distribute the remaining slots * j  

i = 0

While a  < \P(t)\ and Z  >  0) {

:  =  min(fAqi) .  Z)  

allocate :  slots to in P{t)  

fdQt) =  f M i )  - :
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Z  = Z  - z 

i -f 4-

} r  While 7

}
The packet-level scheduling policy can be described as follows:

Procedure Packet.LeveLB\V-Allocation()  {

For each timeslot during a frame-time {

Compute Pit)

Allocate the next timeslot to the first-flow in Pi t )

}

}

The BS scheduler updates the value of f i icredit)  for each / ,  during each frame­

time as follows:

Procedure Update.Credit() {

f i icredit) = fdcredi t)  ^  a,. V i /*  during frame t */

For i j  =  I to A',) { /*  during all slots in frame t */

If (a packet is successfully transm itted  during slot j )  

decrement the credit value of the corresponding flow 

} /"- For 7

}
For FFQ (Fluid Fair Queueing), when a flow has nothing to transmit during 

a time window [t.t -f Aj. it cannot reclaim the channel capacity that would have 

been allocated to it during [t. f 4- A] if it were backlogged at t. But in the scheme 

described above, every flow accumulates credit equal to its share in each frame-time, 

irrespective of whether or not it has packets to transmit. For a flow /,  which has 

been allocated slots in a certain frame-time, the minimum credit withdrawn during 

tha t frame time is rniniq^.a,). Since there is no bound on credit, a flow, which has 

accumulated large number of credits compared to the other flows, can transm it during 

several consecutive frame-time. It is to be noted tha t,  even if a flow has accumulated 

large credit compared to one with similar subscription level, it will be allocated the 

maximum of a, slots per frame-time. Therefore, it will not necessarily hog' the 

channel. Since traffic conditioning is used at the MSs. no flow should be considered
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as 'misbehaving' to any other flow. Therefore, isolation among the flows is achieved 

in the sense tha t there is no misbehaving flow.

The long-term fairness in bandwidth allocation provided by the above credit-based 

scheduling can be appreciated by the following simple intuitive analysis. Let us denote 

by LL\(t2 . t i )  and ) the service received by / ,  and f j .  respectively, between

frame-time fi and to. Let the normalized bandwidth share per frame-time are a, and 

ÜJ for / ,  a n d / j .  respectively. T h e n . / , (credit) =  u, x  (to - 1) ) - ir,(tj. t| | and (credit) 

=  cij X (to — ti ) - i/’j(to. ti ). Since for the above credit-based scheme, the flow with the 

highest credit value is prioritized over the others (for both packet-level and burst-level 

scheduling), the algorithm tries to minimize i f , (credit)  -  f j {rredi f )  j .V i.j over an 

arb itrary  time-window [t,. to]. If we assume that. ; f ,{credit]  -  f j {credi t )  \ < L. for 

some finite L. it follows after some algebraic manipulation that.  ;
^  ^  n ,  < I t  I ) '1 ;  * i * J —  ̂ (

is bounded. This bounded unfairness is observed (from the simulation results that 

will be described later) to be very small for flows with similar subscription level, 

while the relative unfairness for flows with different levels of subscription can also be 

achieved by controlling the system load through admission control.

The computational complexity of the scheduling algorithm is of 0 ( n )  where n 

is the total number of adm itted  flows. Therefore, in a typical wireless setup, the 

processing overhead will not be significant at all. Obviously, packet-level scheduling 

would incur more processing and transmission overhead (and hence more power) in 

the BS compared to burst-level scheduling.

5.5 Simulation Model and Assumptions

5.5.1 Channel Model

Here, we assume tha t the slowly varying shadow and path losses in wireless links 

are perfectly compensated and that the channel quality variations due to multipath 

fading remain uncompensated. The m ultipath fading model is assumed to be same as 

tha t in Chapter 2. We assume that the fading envelope does not change significantly 

during the da ta  block duration T.  The value of T  determines the minimum fade 

duration.

M  a carrier frequency of 900 user speed of 5 k m / h r .  20 k m / h r  and 40
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k m / hr  correspond to f ^ T  values of 0.00833. 0.03333 and 0.06667. respectively, when 

the minimum fade duration T  — 2 ms.  When the average block error rate Pe =  0.1 

(i.e.. channel fading margin. F  = 9.773 dB) .  the corresponding error burst-lengths 

(in terms of number of blocks) are 14.22390. 4.14930 and 2.16696. respectively. The 

error burst-lengths decrease with decreasing Pe . For a particular Pe and v. as the 

minimum fade duraion T  increases, the error burst-length decreases.

5.5.2 Flow Models

5.5.2.1 Poisson Flow M odel

We assume tha t a Poisson traffic source follows an O N /O F F  model where the ON 

time and the O F F  time are exponentially distributed. During each ON period, data  

is generated at a constant rate (i.e.. at source coding rate). This model is applicable 

for packetized voice sources.

5.5.2.2 G E A R  Flow M odel

If A'n-i is a gam m a distributed random variable with shape param eter d and scale 

param eter A ( i.e.. Ga( .i. A)). .4„ is a beta distributed random variable with parameters 

a.  J —a  (i.e.. B e la .  J —aj) .  and is G 'n (J -a .  A), and they are mutually independent, 

then

A'n =  .4„.A'„-i =  Br, (3.1)

defines a s tationary  stochastic process AT with a marginal Ga( d. A) distribution which 

is called a G B A R (l)  process whose autocorrelation function is given by r(k)  =  ( j)*’’. 

(k = 0 .1 .2 .  • • •)• Since the mean and variance of a Ga(d.  A) distribution are j  and 

respectively, if m  and c denote the mean and variance of the data, then the estimated 

values of the parameters A and d are: À =  y  and d = ^ .  If it is assumed tha t da ta  

have the property: r(k)  % p̂ '. k = 1.2. ■ ■ ■. I\ for some sufficiently large A', we have 

à  =  p.d.

It was shown tha t video traffic (e.g.. real-time video-conferencing traffic) in iso­

lation (i.e.. traffic from a single source/flow) can be modeled accurately by an .4u- 

toregressive Model such as the G BAR model described above [67j. Here, we assume 

tha t a G BAR traffic source follows an O N /O F F  model where the number of packets
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generated during an OX period follows a G BAR(l) process and the O FF time Is 

exponentially distributed. The number of packets generated during an OX period is 

found out by generating a non-integer value according to (5.1) and then rounding it 

to the nearest integer. For da ta  generated from a H.261 compatible video coder that 

uses both DOT and motion compensation, some typical values for the case where 

head and shoulder scenes are shown with moderate motion and scene changes and 

with little camera zoom or pan is [67]; m = 104.9 .\TM cell payload, r  =  882.09 and 

p  = 0.984.

5.5.2.3 LRD Flow M odel

It has been observed th a t  the traffic patterns generated by the web browsers are self­

similar. For interactive TEL.XET traffic and bulk transfer traffic due to FTP. although 

the burst arrivals are well modeled as Poisson processes, the packet arrivals well fit 

to a distribution with a heavy upper tail (e.g.. Pareto distribution) [68]. The degree 

to which the burst sizes are heavy tailed at the source level directly determines the 

degree of traffic self-similarity in the aggregate network traffic and is independent of 

the distribution of the burst inter-arrival times, of topology and of changes in network 

resources. In the LRD flow model tha t we consider here, the sources are of O X /O F F  

type, the number of packets generated during the OX period (i.e.. burst-length) is 

Pareto distributed and the O FF time is assumed to be exponentially distributed.

The probability density function and the expected value of a Pa re t o-d is t r i b u t ed 

random variable are given by

a./i-
p(x)  =  a. k > Q.x > k and  E[.\'] =  ------ - . a  > I (5.2)

o  — 1

where the param eter k  represents the smallest possible value of the random variable. 

If Q < 2. the distribution has infinite variance and if a  < 1. the distribution has also 

infinite mean.

5.5.3 Measure of Energy Efficiency

Most of the batter}- power in a mobile station is consumed during transmit and 

receive mode while the least power is used when a mobile is in standby mode. Power 

consumption in each mode varies depending on the transceiver electronics [96].
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Here, the energ\' efficiency of the M.\C protocol is measured by the average trans­

mitter usage time (et) and the average receiver usage time (Cr) required for successful 

transmission of a da ta  packet. The energ\' spent in standbg mode and in transceiver 

mode switching are not being considered here. The value of e, for transmission of an 

R A  packe t/’probe' message is assumed to be 1/A/ slot A The value of e, for transmis­

sion of a da ta  packet is 1 slot and slot for frame format (a) and (b) (Figure 5.1). 

respectively. For frame format (a), the value of Cr is assumed to be 1 slot while for 

frame format (b) the value of er is 1 slot and 1/A/ slot for A C K  slot and A C K  

sub-slot, respectively.

The energy efficiency is largely affected by the TDM.A. frame-length. the channel 

quality, the channel-error correlation pattern and the traffic arrival pattern. For a 

particular channel cpiality and channel-error correlation pattern , since a finer gran­

ularity in channel s ta te  prediction can be achieved with packet-level scheduling, the 

average transmission power required for a successfully transm itted  packet would be 

presumably lesser than that for burst-level scheduling, but the receiver usage for an 

active mobile may increase (depending on the frame-length and the channel-error 

burstiness) for packet-level scheduling due to continuous channel snooping by each 

active mobile.

5.5.4 Simulation Environment

-A C-coded event-driven simulator is used for performance evaluation of the proposed 

bandwidth allocation framework. We obtain simulation results for both  homogeneous 

and heterogeneous mixture of flows. In both the cases, the performance results are 

obtained for flows with different grain-size. for different values of TD.M.A frame-length. 

burst inter-arrival time (I),  maximum tolerable delay limit {Dmax)- Pareto shape 

parameter q  (for LRD flows) and for different channel quality (i.e.. for different Pg)  

with different channel-error correlation pattern (i.e.. for different values of fdT) .

For a fixed set of adm itted  flows, the system traffic load is modified by changing 

the length of the burst inter-arrival time (I)  and /o r  the source coding rate an d /o r  the 

the profile rate (/?,). We assume that, during the course of da ta  transfer the wireless

^The actual amount o f energy- consumed (in joule) =  - ^ x  slot duration (in sec) x transm it-m ode  

wattage.
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T a b le  5.1. Selected simulation parameters.

Parameter \'alue Parameter \ 'a lue i

Channel rate. R 2.0 Mbps Slot size 0.0004 .y

Xo. of RA minislot. .\'r 4 Carrier frequency. 900 M H z  :

Mean burst duration 1 .y Mean burst length 20 packets i

(for Poisson flows) (for LRD flows)

Mean burst length 52.5 packets \a rian ce  of burst length S&109

(for GB.AR flows) (for GB.A.R flows)

Correlation coefficient, p 0.984 Source coding rate same as /?, i

(for GB.AR flows) (for Poisson flows) !1

channels between the BS and the MSs suffer burst errors independently. The values 

of some of the simulation parameters are shown in Table Ô.I.

The sequence of the events in our simulation environment can be described as 

follows:

i. When a data  burst arrives, the burst-length is checked against the estimated 

number of packet arrivals using the corresponding /?, value and the measured 

burst inter-arrival time. When the number of packets in the da ta  burst is 

greater than the sum of the corresponding estimated value and the token  value, 

the excess packets are dropped: otherwise all the packets are considered as I S  

profile packets candidate for transmission. In both the cases, the value of the 

corresponding token value is adjusted accordingly.

ii. Timeslots within the TDMA frames are generated in a periodic fashion and. 

at the first timeslot, the contention resolution among the R .\ packets and the 

■probe' messages in the RA minislots is simulated. In addition, slot allocations 

for the next frame-time are calculated and the credit  value for each flow is 

increased based on the corresponding value of a,. The link status corresponding 

to each flow is updated periodically after each T - th e  minimum fade duration.

iii. During each timeslot, a packet (from the flow for which tha t timeslot has been 

allocated) is transm itted only if the channel status is expected to be good. For 

successful transmission, the corresponding credit  value is decremented. .A local
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variable toci is used to store the current TO E (Time of Expiry) value of a da ta  

burst corresponding to the flow /, .  For all the flows with non-zero values of Qi. 

the corresponding toe, values are decremented. When any foe, value reaches 

zero, the remaining packets of the corresponding da ta  burst which have not yet 

been transm itted  are discarded.

5.6 Simulation Results

The throughput achieved by flow i (T,) is a function of /?, and the relative differ­

ences among the values of R, (and hence flow grain-size). number of i ' T  slots per 

T D M .\ frame .V, (and hence TDMA frame-length). traffic fmr.sfme.s.s'’. total num­

ber of adm itted  flows, delay tolerance of da ta  packets in a burst corresponding / ,  

and channel-error burstiness. The end-to-end throughput corresponding to a flow is 

affected largely by the packet marking strategies and the packer dropping policies 

adopted in the routers in the wired part of the OS Internet.

5.6.1 H o m o g en eo u s P o isso n  F low s

Typical variations in T, for different values of frame-length. maximum tolerable delay 

limit {Drnax) &nd burst inter-arrival time ( /)  are shown in Figures -5.2 and 5.3 for burst- 

level and packet-level scheduling, respectively. In this case, there are 30 adm itted  

Poisson flows with different values-/?, =  32 Khp.s. 64 Khp.s and 100 Kbps  for

i =  0 — 14. i = 15—24 and i = 25 — 29. respectively. It is observed that, the throughput 

variability among flows with the same value of R, is very small irrespective of .V,. 

Drnax und / .  Fot a particular channel condition, although the achieved throughput 

for a flow depends on the values of /?,. .V,. I. Dmax and the number of adm itted  flows, 

fair throughput share among flows with the same value of /?, is maintained even if 

the values of these parameters are changed.

The relative throughput fairness among flows with different profile rates is also 

achieved. For instance, simulation results show tha t,  with .V, =  10. /  =  0.25 .s 

and Dmax =  1 s. ^  % 0.5 =  for i =  0 -  14. j  =  15 -  24: ^  % 0.64 -

^The arrival pattern of traffic within a flow determ ines its burstiness.
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(with /?, =  d2. 6 4 . 100 Kbps for i — 0 — 14. 15 -  24 and  2Ô — 29. rosprctirrlj/. and 

P[T = 0.1. r = 5 krnjhr .  f , iT  = O.OOSdd).

for i = 1-5 — 24. j  = 25 — 29: and ^  % 0..32 =  for / =  0 — 14. j  - 25 — 29. 

Under such conditions, for both burst-level and packet-level scheduling, the observed 

channel utilization' is 77%. 78% and 78% for Dmax =  1 -s. 2 .s and 4 .s. respectively. 

When Dmax is relatively lower and /o r  system load is higher, the relative throughput 

fairness among flows deteriorates.

It is observed th a t  the po.st facto average packet delay (Davg) and the average 

packet loss ratio [Pdrop) increase as the frame-length an d /o r  the burst inter-arrival 

time is (are) reduced. W ith  increasing Dmax- the value of Davg increases, but Pdrop 

decreases. The achieved throughput corresponding to a flow is higher for burst- 

level scheduling. The relative loss and delay performances for a flow under burst- 

level scheduling and packet-level scheduling depend on the corresponding profile rate

"Here, channel u tilization  is measured as the average number o f packets successfully transm itted  

per tim eslot.
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F ig u re  5 .3 . Long-term throughput for  Poisson flows under packet-level scheduling 

(with R, = 32. 6 4 . 100 Kbps for  i = 0 — 14. 1-5 — 24 and 25 -  29. respectirelg. and 

Pe = 0.1. V = 3 k m / h r .  f i T  = 0.00833).

(Figure 3.4). For both the cases, the channel-error correlation does not affect the 

throughput fairness but the average delay and loss performances improve  as the 

channel-error correlation increases (i.e.. when the terminal speed decreases).

For burst-level scheduling, the average tran.'imitter usage time (c,) and the average 

receiver usage time  (cy) increase (i.e.. energv efficiency decreases) as the frame-length 

increases (Figure 5.5). On the other hand, for packet-level scheduling, the average 

transm itter and receiver usage time decrease with increasing frame-length. For both 

the cases, et and increase as the da ta  burst inter-arrival time decreases. The trans­

mitter and receiver usage times decrease as channel errors become more correlated 

(Figure 5.6) which is due to the increased effectiveness of the channel-state aware 

scheduling for dynamic bandwidth allocation. The maximum tolerable delay limit 

Dmax may not affect the energv" efficiency significantly.
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F ig u r e  5.4. Compah.snn nmonrj the throughput, delng and lo.s.s performances under  

burst-level and packet-level scheduling (for Poisson flows with R, = d2. 64- Kh) Kbps  

fo r  1 = 0 -  14. 15 — 24 and 2-5 -  29. respectivelg. and Pe = 0 . 1 . v = 5 krn/hr .  f,[T 

= 0.0080-1).

5.6.2 Homogeneous G EA R  Flows

.-\s in the case for Poisson flows, the throughput fairness among flows is maintained 

for different values of .\'y. I. D^ax  and fdT  for channel utilization as high as 75% 

even when Pe  is as large as 0.1. The effects of variations in .\%. D^ax- I  and f d T  on 

the average loss and delay performances and energy efficiency are similar as in the 

case of Poisson flows. The loss and delay performances improve as the system load 

is lowered either by increasing the burst inter-arrival time or by tightening the flow 

profile rate. For both burst-level and packet-level scheduling, the effects of .V,.. D^ax-  

I  and f d T  on e, and 6 r are similar to those for Poisson flows.

The variations in T,. et and Cr with f d T  are shown in Figure 5.7 for 30 flows with 

different values-R, =  200 Kbps.  250 Kbps  and 300 Kbps  for i =  0 — 9. / =  10 — 19 

and i =  20 — 29. respectively. In this case, the channel da ta  rate {R) and the
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F ig u r e  5.5 . The average transm itter usage time and the average receiver usage time 

under pachet-level and hurst-level scheduling (for Poisson flows with R, = id. 64- 100 

Kbps for  i = 0  — 14. 15 — 24 and 25 — 29. vespertivelg. and P/,- - 0 . 1 . v = 5 krn/hr .  

f , iT  = o .o tm o) .

average block error rate [Pe ) are assumed to be 10 Mbps  and 0.05. respectively. The 

channel-error correlation does not affect throughput fairness, but the eneg>' efficiency 

improves with increasing channel-error correlation. The relative throughput for flows 

are observed to be proportional to their profile rat es-ÿ- % 1.18. for i = 20 — 29. 

j  =  10 — 19 (compared to ^  =  1.20): ^  % 1.23. for / =  10 — 19. j  =  0 -  9 (compared 

to ^  =  1.25): and ^  % 0.69. for i =  0 -  9. j  =  20 -  29 (compared to ^  =  0.67). 

The achieved channel utilization is approximately 82% in this case.

5.6.3 Homogeneous LRD Flows

In the case of LRD flows, the throughput fairness among flows with similar profile 

rate is largely affected by the value of the Pareto shape param eter q . It is observed
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F ig u re  5 .6 . The effect.'i of channel-error con'elation on the arernqe trnnennitter and 

receiver usage times under packet-level and hurst-level scheduling [for Poisson fioivs 

with Ri -  32. 6 4 . IdO Kbps for  / =  0 — 14. 15 -  24 and 25 — 29. respectivelg. and 

■Vs =  10. /  =  Ü.25 s. D,nax = I

tha t as Q decreases, which results in an increased traffic burstiness. the packer loss 

ratio increases and hence the throughput corresponding to a flow decreases. Also, 

the variability in throughput increases among flows with the same value of R, (Fig­

ure 5.8). The average delay and loss performances deteriorate, especially for burst- 

level scheduling, as the frame-length increases. For larger frame-length. the through­

put. delay and loss performances are better for packet-level scheduling compared to 

those for burst-level scheduling. .A.s Dmax is increased, the average packet delay (Da,g} 

increases while the average packet loss ratio (Pdrop) decreases. It is observed that,  

in the case of packet-level scheduling, the po.st facto loss and delay performances of 

a flow may deteriorate significantly as channel errors become more correlated, espe­

cially when the frame-length is relatively small. It may not be possible to achieve high 

channel utilization while providing throughput fairness in the case of bounded-delay 

LRD traffic.
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F ig u re  5 .7 . The effects of channel-error rorrelation on the throatjhpiit. nvernpe 

trnnsrnitter and receiver usage times under packet-level and hurst-level scheduling (for 

GB A R  flows with Ri = 200. 250. 2 0 0  Kbps for  / =  0 — 9. 1Ü — 19 and 20 — 29. re­

spectivelg. and  .V, =  10. I  = 0.1 s. D^ax = I •’’A

.■\s in the cases for Poisson and GBAR flows, for packet-level scheduling, the 

average transm itter  usage time (er) and the average receiver usage time (>̂ 1 increase 

as the frame-length decreases, while for hurst-level scheduling, the average transm itter  

and receiver usage times increase as the frame-length increases. For both the cases. 

Ct and 6r increase as the traffic burstiness increases (i.e.. a  decreases).

5.6.4 Heterogeneous Flows

Typical simulation results demonstrating the throughput performance and energv" 

efficiency in a heterogeneous scenario with Poisson. GB.AR and LRD flows are shown 

in Figure 5.9. W ith 10 adm itted  flows of each type, we consider a total of 30 flows 

where Ro-g =  64 ATp.s. Rw-ig  =  100 Kbps  and R 2 0 -2 9  =  20 Kbps  for Poisson. GB.AR



112

70

60

—- pRi.-5cnr--
—  burst sch. 
  I = 0.1 s
—  = 

g = t.5

50-

S ^0-

30 -

2 0 -

N. = 20

! \
N. = 30

TO­

GO

50-

: 40-

30 -

2 0 -

-  pRr sBi.-------------
— burst sch.

N̂ = to 
I =0.1 s

= ,VVV-
u = 1 5___

"V/Vr

GO-

55

50-

PW. sen:—Vv r r
burst sch. : V
N^ = t0
1 = 0.1 s | \ / .

(1 = 1.3 I

4 5 -

40 - 

i  35 - 

30- 

2 5 - 

2 0 -

15- “i '

1 0 -
0 10 20 

Flow»
30

1 0 -
10 20 

Flow»
30

1 0 -
10 20 

Flow#
30

F ig u r e  5.8. Long-term throughput fo r  LRD flotc.i under packet-level and hurst-level 

scheduling [for R, = 20. 40. 100 Kbps f o r i  =  0 — 9. 10— 19 and 20 — 29. respectivelg. 

and P£  =  0.01. v = 5 k m / h r .  f , iT = 0.00833).

and LRD fio\v.s. respectively. We assume a  =  I.-5 and I  =  0.2-5 s. 0.25 0.1 .'«■ for

Poisson. GB.A.R and LRD flows, respectively. The variability in throughput among 

flows with similar profile rates is considerably small. The relative throughput fairness 

is also considerably high in this case. For the assumed values of / .  D„,ax- P e imtl f , iT .

it is observed that ^ 1.42. for / =  0 -  9. J =  10 -  19 (compared to ^  =  1.56):

^  % 4.7-3. for i = 10 -  19. j  - 20 -  29 (compared to ^  =  5): and ^  % 3.36. for 

; =  0 -  9. j  =  10 -  19 (compared to ^  =  3.20). L’nder such condition, the observed 

channel utilization is approximately 78/7 and 77% for burst-level and packet-level 

scheduling, respectively.

Other parameters remaining the same, the channel utilization decreases with in­

creasing frame-length. As a  decreases, the throughput variability among the LRD 

flows and the post facto average packet loss rate for an LRD flow increase considerably. 

For Poisson and GBAR flows, the variability in loss and delay performances are fairly 

small among flows with similar Ri. But for LRD flows, comparatively higher vari-
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a.'iage tiuip.'i under packet-level and hurst-level scheduling in a heterogeneous traffic 

scenario (for /?o-y =  64 Kbps.  Poisson: Ru)-i<) =  P)l) Kbps.  GBAR: R-2i)- >\ = dl) 

Kbps. LRD: Pp = 0.1. v = 5 k m / h r .  f f f i  = O.OOSd-ii.

ability in loss performance is observed. The average packet loss rate is small for Hows 

with higher Dmax and a decrease in the value of p improves the delay performance.

For a particular channel quality, increased channel-error correlation results in 

improved throughput, loss and delay performances. For burst-level scheduling, the 

average transm itter usage time (C() and the receiver usage time (Cr) increase with in­

creasing frame-length. while for packet-level scheduling, the average transm itter  and 

receiver usage times decrease (and hence the energ}' efficiency improves) with increas­

ing frame-length (Figure Ô.9). The energ}' efficiency increases as the channel-error cor­

relation increases. In a heterogeneous traffic scenario, the variation in the burstiness 

of LRD traffic (i.e.. variation in a )  may not significantly affect the average transm itte r  

and receiver usage times corresponding to the non-LRD flows (Figure 5.10).
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5.7 Chapter Summary

In this chapter, we have proposed a centralized TD.M.Vbased wireless access scheme 

to provide throughput fairness among bursty da ta  flows in a Rayleigh fading channel. 

The scheme consists of an admission control policy, a traffic conditioning mechanism 

and a bandwidth allocation policy. Both the packet-level and the burst-level schedul­

ing policies for dynamic bandwidth allocation have been considered. The energy- 

efficiency of the resulting M.A.C protocol in terms of the average transmitter usage 

time and the average receiver usage time for successful transmission of a packet have 

been evaluated for both these scheduling policies. Detailed performance evaluation for 

the proposed scheme has been carried out by computer simulations for homogeneous 

Poisson. GBAR and LRD flows and for heterogeneous mixture of these flows.

The following provides a brief summary of the simulation results:
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i. Throughput variability among flows with the same level of subscription (as 

specified by R,) is considerably small for Poisson and GBAR flows. For LRD 

flows, the distribution of bandwidth among flows becomes unfairly skewed as 

the traffic burstiness increases (i.e.. the value of the Pareto shape parameter 

decreases). This is mainly due to the very high variability in the packet gen­

eration process which causes the traffic load generated by the different LRD 

flows over a time interval to vary significantly. The relative throughput fairness 

among flows with different profile rates can be achieved as long as the channel 

utilization is below some threshold and it improves for higher values of 

an d /o r  lower system load.

ii. The observed throughput fairness is robust against the number of adm itted 

flows, their profile rates (i.e.. R,].  da ta  burst inter-arrival time, maximum tol­

erable delay of data  bursts. TDM.-V frame-length and channel-error correlation. 

In a heterogeneous traffic scenario, channel utilization as high as “o'a may be 

achieved while maintaining the relative throughput fairness among Hows with 

different profile rates for error rate as large as UYA. Higher level of channel 

utilization can be achieved as the channel quality improves.

iii. For a certain TD.M.A frame-length and for fixed and R,. under certain 

channel condition, the actual throughput performances of flows depend mainly 

on the traffic generation pattern (as manifested in the burstiness) of the flows.

iv. L'rider certain channel condition, for a fixed frame-length. the post, facto loss 

performance of flows depends on the corresponding value of D„uix tmd the sys­

tem load. . \n  increase in the value of D^ax  results in an improved average 

packet loss rate (and hence higher throughput) but it increases the average 

packet delay. The average packet delay and the average packet loss rate can 

be controlled by varying the value of targetted link utilization level {p.) during 

admission control.

V . For a fixed frame-length. the average packet loss rate is found to be higher for 

bounded delay LRD flows. As the traffic burstiness of LRD flows increases, 

they incur more packet loss and consequently the throughputs fall. reduction 

in the system traffic load (e.g.. decreasing p  an d /o r  increasing the da ta  burst 

inter-arrival time) can significantly improve the throughput, loss and delay per­
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formances of Poisson and GBAR flows.

vi. The achieved throughput for packet-level scheduling can be considerably lower 

than tha t for burst-level scheduling, especially when the frame-length is rel­

atively small. The average transm itter usage time is lower for packet-level 

scheduling than for burst-level scheduling. The average receiver usage time 

is always higher with burst-level scheduling except when the frame-length is 

relatively small. The selection between the packet-level and the burst-level 

scheduling would be based on this tradeoff between channel utilization and en- 

erg}' efficiency.

vii. For a particular channel quality, throughput, loss and delay performances of 

flows and the energv- efficiency of the M .\C protocol improve as the channel- 

error correlation increases.

The results presented here apply to multi-cell systems as well. The centralized 

control functionalities can be put either in the IP-aware BS or further deep into the 

network. It's an itnplementation issue. Link-level rate adaptation can be combined 

with scheduling in the proposed framework for dynamic bandwidth allocation. For 

instance, by adjusting the param eter R,. the throughput for each traffic flow can 

be controlled and this sort of adaptation  would be required to respond to network 

dynamics. In a multi-cell system, in order to accommodate handoff traffic, the traffic 

profile of individual flow in a cell can be tightened in a fair manner so that each traffic 

flow experiences a fair service degradation.
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Chapter 6 

Channel Utilization and TCP 
Throughput Fairness in Wireless 
IP Networks

6.1 Introduction

Since T C P /IP  is the standard  network protocol stack on the Internet, its use over 

the next-generation wireless mobile networks is a certainty. Efforts in developing IP- 

centric wireless networks are ongoing and architectures and protocols for supporting 

multimedia traffic are evolving ([6|. [S\. [69j-i70|). The transport-layer protocol per­

formance is one of the most critical issues in da ta  networking over noisy wireless links. 

The performance of the transport protocol depends on the service provided by the 

underlying network and RLC/M A C layer. High utilization of wireless link bandwidth 

along with fairness towards competing T C P  traffic are required in a wireless packet 

d a ta  network, . \lthough maximizing wireless channel utilization while maximizing 

fairness are conflicting goals, efficient and robust transport protocol along with ef­

ficient packet scheduling mechanism over the air interface can provide throughput 

fairness with reasonably high channel utilization.

The work presented here complements that in [59]. where the authors intro­

duced the concept of CSDPS (Channel State Dependent Packet Scheduling) as a 

link-layer solution to increase channel utilization and reduce the unfairness prob­

lem. .A. simulation-based study on T C P  performance in wide-area wireless net­

works is presented here. More specifically, the performances of a set of transport-
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level packet scheduling policies are investigated in terms of channel utilization and 

throughput fairness among competing T C P  connections in the wireless last hop. All 

these schemes exploit the CSDPS concept at the TC P level. .Also, a rime-frame- 

based channel-state aware transport-level packet scheduling scheme, namely. Per- 

Deatination Queueing with Time Frame-Ba.ied Scheduling (PD-TFS).  is presented 

tha t imitates fair-queueing in large time scale.

Neither the production T C P  code is used nor the exact behavior of specific im­

plementations of TC P is imitated here. But the simulator used here supports the 

underlying TC P congestion and error control algorithms including slow-start. con­

gestion avoidance, fast retransmit and fast recovery. .\ semi-reliable RLC/M.AC 

layer protocol is assumed underneath the transport protocol. TC P performance 

under the PD-TFS  scheme is compared to that under Single-Queue FIFO (SQ-  

FF). Per-De.itination Queueing with FIFO (PD-FF). Per-DeAination Queueing with 

Round-Robin (PD-RR)  and Per-De.itination Queueing with Longest Queue First (PD- 

LQF)-based scheduling policy. PD-FF. PD-RR. PD-LQF and P D -T fS  schemes ii.se 

destination-based queueing, that is. transmission queues at the BS for the different 

mobile stations are different and all the packets corresponding to a certain mobile 

station are transmitted from the same queue.

Since both high channel utilization and improved throughput fairness are desirable 

networking goals, a new performance metric, namely Throughput-Fainiess Product 

( TFP)  is defined for the performance assessment of different scheduling schemes.

The PD-TFS  scheme provides bandwidth allocation that is more fair among sim­

ilar connections (i.e.. connections with the same round trip time and same maximum 

transmission window size) than SQ-FF. PD-FF. PD-RR  and PD-LQF based schemes 

though the overall link utilization may not be optimized. It integrates the concept of 

channel-state dependent scheduling with a credit-based scheduling policy. This type 

of scheduling scheme can be useful to provide uniform service to all mobile stations 

in a service area in the presence of correlated channel errors and to check against 

some malicious receivers trying to maximize their own throughputs exploiting T C P  

vulnerabilities [71].

The rest of the chapter is organized as follows. In Section 6.2. the background and 

motivation for this work are described. In Section 6.3. some related works on wireless
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T C P  performance are described briefly. Section 6.4 describes the system model tha t is 

simulated. Simulation results are presented in section 6.5. The integration of TCP- 

level packet scheduling in the GPRS (General Packet Radio Service) transmission 

protocol stack is described in Section 6.6. In Section 6.7. the flndings are summarized.

6.2 Background and Motivation

T C P  suffers serious performance degradation due to high channel error rate and the 

consequent invocation of its sliding window based congestion control mechanism 1721. 

.A .S  a result of T C P 's  congestion control algorithm, a connection's throughput varies 

as the inverse of the connnections round trip  time. Given a packet drop rate of p. the 

maximum sending rate for a TC P connection is T  hi/tes/sfc. for T  < where

B  is the packet size and R  is the round trip time [73j. Wireless links are generally more 

error-prone than wired links and. in a typical wireless scenario, packet losses can be 

as high as 10%. depending on the user mobility, location and co-channel interference. 

.\gain. some of the mechanisms like fast retransmit, proposed for enahancing the 

basic T C P  algorithm, may even fail in a wireless network due to the low bandwidth- 

delay product (and hence small TC P window size) and correlated fading (and hence 

loss of back-to-back packets and .\CKs). Similar to link errors, when a handoff 

from one cell to the other occurs, there may be extra delay and packet loss. TCP 

recognizes loss due to link-error an d /o r  handoff as signal of congestion and invokes 

the coresponding congestion avoidance algorithm. .\11 these contribute to significant 

th roughput degradation of TC P  connections in wireless networks.

There has been a flurry of recent works on improving the T C P  performance over 

wireless networks. While most of the works ([74]-[84]) try to shield the packet loss 

due to channel errors to the sender, some of them ((oOj) try to exploit the channel 

error-correlations in the wireless link to improve T C P  performance. In fact, these 

approaches supplement each other with a common goal: to improve reliable transport 

protocol performance in wireless networks.

The realized throughput for a flow in a wide area wireless network is a result of 

the combination of packet marking (as in Differentiated Services IP networks [85]) 

and dropping policy of the network routers and the policy of the transport protocol
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in how it reacts to packet-dropping. Here, the focus is on the effects of different 

packet scheduling policies at the last hop router (e.g.. the IP-aware BS) on channel 

utilization and realized throughput fairness at the T C P  level. The unfairness is 

induced by link-level dynamics at the wireless last hop. The unfairness induced by 

the T C P  mechanism (e.g.. T C P  bias against flows with long round trip time) is not 

being considered here. In the rest of the chapter, the terms BS' and 'IP-aware last 

hop router ' are used interchangeably.

While the fairness of T C P congestion avoidance among competing flows can he 

maintained through improved traffic management techniques (e.g.. (861) and /o r  mod­

ified congestion avoidance algorithms (e.g.. [87]) in the wired Internet, it may dete­

riorate in the wireless last hop due to time and location dependent channel errors. 

This problem can be alleviated through using a wireless fair-queueing mechanism [ôGj. 

In a wireless fair-queueing model, lagging flows are allowed to make up their lag by 

causing leading flows to give up their lead. Multiple T C P  connections going over 

the same network pa th  do not need to achieve the same throughput on a time scale 

comparable to the round trip time. Thus fairness needs to be measured over time 

intervals longer than  a few round trip times.

Throughput fairness among different flows in a wireless network is dependent on 

channel quality and transport level packet scheduling policy at the BS. Due to lower 

values of bandwidth-delay product, congestion and consetptent packet drop at the 

BS buffer is less likely to be a problem. The problem lies with the wireless channel 

unreliability. Channel-state dependent packet scheduling at the transport level can 

improve T C P  throughput and hence fairness (for example, throughput fairness among 

T C P  and UDP Hows). . \ t  the same time, some type of fair-queueing mechanism can 

improve throughput fairness among similar connections.

The motivation of this work has been to better  understand the issues involved 

in the design of transport level protocols for multipoint to multipoint packet data  

transmission over fading wireless channels, the implications of the channel-error cor­

relations and the lower layer (e.g.. R L C /M .\C  layer) protocol parameters on TC P 

performance and to gain insight into the relationships among the various system 

parameters which would be required for designing packet-switched services in the 

emerging IP-centric wireless mobile networks. The effects of the TC P window size
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(IT). TD (Transmission Delay) in the wired-network. number of concurrent TCP 

connections (.V). channel error-correlation. fast retransmit threshold (A') on total 

TC P throughput (and hence channel utilization) and throughput fairness are investi­

gated for different channel s tate dependent packet scheduling schemes at the transport 

layer. Rather than counting on a specific implementation, the T C P  congestion and 

flow control mechanisms, including slow-start. congestion avoidance, fast retransmit 

and fast recovery, are simulated. The TFP  metric is evaluated for the proposed 

PD -TFS  scheme and is compared to those of the SQ-FF. PD-FF. PD-RR  and PD- 

LQF schemes. Relevant works exploring the effects of TC P parameters and channel 

impairments on T C P  throughput fairness in wireless networks are yet to appear in 

literature.

Simulation results show that with properly chosen transport-layer scheduling pol­

icy and transport protocol parerneters (e.g.. TC P window size, fast retransmit thresh­

old). a reasonably high channel utilization and fair throughput performance can be 

achieved even when the T C P  packet loss rate is as high as 10‘T. The presence of some 

intermediate agent' (e.g.. snoop agent’ in (771) in the BS or use of end-to-end mech­

anism like ELX (Explicit Loss Notification) [78] may enhance the T C P  performance 

further.

6.3 Related Works

in d irec t-T C P ' is a split-connection' solution tha t shields the original T C P  sender 

from the wireless link [75]. Here, each TCP packet has to go through the TCP 

protocol processing twice at the BS as compared to zero time in a non split-connection 

approach. In addition, the end-to-end semantics of T C P  .\CK s is violated.

The snoop protocol' introduces a TCP snoop agent' at the BS that maintains a 

cache of TC P  segments sent across the wireless link tha t have not yet been acknowl­

edged [77]. When a T C P  packet loss on wireless link is detected by the snoop agent', 

it retransmits the lost T C P  packet and suppresses the duplicate ACKs. thereby avoid­

ing unnecessary retransmissions and congestion control invocations by the sender. In 

this case, the states of all T C P  connections are to be maintained at the BS.

W ith  S.ACK TCP. each ACK contains information of about up to three non­
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contiguous blocks of d a ta  tha t have been received successfully by the receiver [76]. 

The ACKs contain complete information of which packets have been received and 

which have not. This complete information allows the TC P sender to retransmit 

packets selectively and avoid unnecessary retransmissions, but the protocol overhead 

is increased in proportion to the number of missing segments detected at the receiver.

With ELX (Explicit Loss Notification) [78]. when a packet is lost due to channel 

errors, future cumulative .\CKs corresponding to the lost packet are marked to notify 

the sender of the non-congestion related loss so that, upon receiving this information, 

the sender can perform retransmission without invoking the normal congestion control 

function.

The impact of different scheduling mechanisms on the realized throughputs of 

different T C P  connections under Channel-Stnte Dependf^nt Packet SchednUnij was 

investigated in [59j. The authors proposed a class of link-layer packer scheduling 

policies, namely. CSDP-FIFO. CSDP-LQF. CSDP-ETF and CSDP-RR. which can 

be deployed at the BS to increase the utilization of the wireless channel. .All of 

these scheduling policies are based on a per-destination queueing of the T C P  packets 

at the BS. For FT P  sessions running on top of production T C P  implementation. 

CSDP-RR scheduler was found to outperform all other policies both in terms of 

performance and implementation complexity. Under the Poisson traffic and random 

error model. CSDP-LQF scheme was shown to provide maximum channel utilization. 

FIFO scheduling with a common queue for the T C P  packets at the BS was found to 

provide poor wireless channel utilization and unfair bandwidth allocation among the 

competing connections. The relative difference in transmission completion time of 

different F T P  sessions was taken as the measure of fairness. However, the paper did 

not deal with the impacts of different TC P and link-layer parameters and network 

characteristics (e.g.. delay-bandwidth product, channel error-correlation pattern) on 

channel utilization and T C P  throughput fairness.

A link-level approach, namely TULIP (Transport L’naware Link Improvement Pro­

tocol). was proposed to alleviate T C P 's  performance degradation over wireless links 

in [84] where the underlying MAC protocol is contention-based. TU LIP approach 

was shown to provide improved throughput, delay and delay variance performance 

over snoop protocol', due to its 'MAC-level acceleration' feature but at the expense
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of significant modification in the protocol stack.

6.4 System Model and Assumptions

6.4.1 TCP Model

During connection set-up. the receiver advertises a maxinnnn window size so

tha t the transm itter is not allowed to have more than unacknowledged da ta

packets outstanding at any given time. Senders always have da ta  to send and will 

send as many packets as their windows allow. Here, it is assumed th a t  the bulk 

da ta  connections send ô~6-hijtp. T C P  packets and the start times for the hulk da ta  

connections are staggered over a 10 m.s interval. This type of connections allow us to 

s tudy the steady-state behavior of the protocol.

The basic window adaptation procedure is similar to that of all currently available 

T C P  implementations. Let \V{f)  be the transmitters congestion window width and 

W'thit) be the slow-start threshold at time f. For a new connection. Wi t )  is initialized 

to I. The evolution of and are triggered by .\CKs and timeouts as

follows:

i. if H'(D <  \Vih(t). each .\CK causes \V(f)  to be incremented by I. This is the 

slnw-.-itart. phase.

ii. if \V(t] > W'thif)- each . \C I\ causes \V(f)  to be incremented by This is

the congestion avoidance phase.

In the case of a timeout, the T C P  source updates i r ( t )  and as follows:

H"(/i(f-r) =  and =  W'thU^) and then starts  retransm itting from the

first lost packet, . \f ter  a timeout the sender also updates the RTO (Retransmission 

Time Out) value using exponential backoff. The backoff continues until an .\C K  is 

received for a packet transm itted exactly once. The TC P sender does not decrease 

the slow start threshold (11’,^) if it has been decreased in the last round trip  time.

The TC P sinks can accept packets out of order but deliver them only in sequence 

to the user. The T C P  sinks generate immediate .\CKs. If a sink receives a packet 

out of order, it issues an ACK immediately for the last in order segment received.

If a packet is lost (after a stream  of correctly received packets), the transm itter
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keeps receiving ACKs (called duplicate ACKs) with the sequence number of the first 

lost packet, even if packets transm itted after the lost packet succeed in being correctly 

received at the receiver.

A fast retransmit procedure is implemented after a packet loss (as in TCP-Tahoe 

and TCP-Reno). i.e.. if subsequent to a packet loss, the transm itter receives the 

duplicate .\CK  before the timer expires, then the transm itter updates U'(f) and 

U'th(t) as follows: \Vth(t+) =  ! and = n'(/,(t-f) —A' and then retransmits

the packet after the last .ACKed packer. It can transmit more packets if the current 

value of allows it to do so. For each additional .\CK received, the congestion 

window i r ( t + )  is updated according to the basic algorithm. Each lost packet is 

retransm itted  at most once during a single round trip time.

In the case of nudtiple packet loss in the loss window, fast retransmission may not 

be triggered due to a lack of duplicate .\CKs. in which case, the sender will have to 

wait for a timeout to occur for loss recovery.

The round trip time (RTT) is estimated using exponential weighted averaging. 

The RTT is measured for each successfully received unretransm itted packet. Based 

on these measurements, a moving estimate of the round trip time [RTTmean) is made 

according to the following: A T T ' ' '  =  c x RTT,neasur^<i — (I -  c) x R T T ' .  The value 

of c is assumed to be 0.1 here.

Simulation results in a sender-based one way traffic scenario are presented. It is 

assumed tha t .\CKs are not lost in the wired part of the network although they may 

be lost in the wireless link. .\CK packets undergo no extra queueing delays in addition 

to the propagation delay. All of the T C P  connections in a simulation scenario are 

assumed to have the same TD value.

6.4.2 Link-Layer Model

-A T C P  da ta  unit is typically equivalent to several link-layer frames. For example, in 

IS-99. the CDMA circuit mode da ta  transmission standards, the link-layer frame size 

is 24 6yte.s (with 19 6/yfe.s- of payload) and the T C P  segment size is 536 ôyte.s.

The link-layer model considered here is as follows. It is assumed tha t immediately 

after a successful frame transmission, the mobile station generates a link-level . \CK  

which arrives at the BS immediatelv before the next timeslot. If the BS can decode
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it successfully, it transmits the next frame; otherwise it retransmits the lost frame 

immediately in the next timeslot. In the event of link-layer failure, after a maximum 

number of rimaj- transmissions, the TCP packet is dropped and control is passed to 

the T C P  for end-to-end error recovery. The BS scheduler then starts  transm itting 

the HOL packet from the next candidate queue. The maximum number of link-layer 

retransmissions allowed for each frame is to be chosen properly so tha t the link-layer 

retransmissions do not interfere with the end-to-end retransmissions.

6.4.3 Channel Model

system is assumed in which transmissions frotn the different tnobile stations are 

power-controlled in such a way that their slowly varying path and shadow losses are 

perfectly compensated whereas the rapidly varying m ultipath  fading remains uncom­

pensated. -A.t a high da ta  rate, for the typical values of probability of channel outage, 

packet errors are correlated. The correlation in the multipath  Rayleigh fading pro­

cess can be modeled using a first-order Markov model f 191. The same correlated error 

model for Rayleigh fading channels is assumed as in iI9l. It is assumed that during 

the course of data  transfer, channels between the BS and the niolnle stations suffer 

burst errors independently.

Under this error model, for example, packet error probability P/r =  O.OI. 0.05 

and 0.1 correspond to channel fading margin F = 19.978 dB.  12.899 d B  and 9.773 

dB.  respectively. With carrier frequency of 900 MHz  and packet duration of 2.304 

m.s (which corresponds to the transmission time of a packet of size 576 6/ytc.s in a 

2 .\/6p.s channel), normalized Doppler bandwidth f ^ T  = 0.0096. 0.0192. 0.0384 and

0.11520. when mobile terminal speed is 5 km/hr.  10 km/hr .  20 krn/hr imd 60 krn/hr. 

respectively. For Pe =  0.05. with these values of / j T .  the average length of error 

bursts (in TC P packets) are 9.68686. 4.87280. 2.50669 and 1.22081. respectively. For 

Pe =  0.1. the corresponding error burst lengths are 13.84552. 7.14441. 3.61690 and 

1.46006 packets, respectively.
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6.4.4 Channel Probing Model

It is assumed tha t the channel-state is monitored by small probe' messages, sent from 

the mobile stations, which are sufficiently protected through error-correcting codes 

so tha t they can always be decoded correctly at the BS. When a mobile station is 

receiving link-layer frames continuously from the BS. the link-layer .\CKs sent by 

the mobile stations can be used to predict the channel-state: otherwise, the mobile 

station sends probe messages periodically so that the BS can predict the corresponding 

channel-status. Here, it is assumed that the probing interval is one T C P  packet 

transmission time.

6.4.5 Scheduling Schemes

In all the schemes (except SQ-FF).  T C P  packets are buffered in separate fjueues cor­

responding to different destination mobile stations. The different scheduling schemes 

considered here are as follows:

i. SQ-FF (Single Queue FIFO): all T C P  packets are buffered in a single queue 

and are scheduled for transmission on a FIFO basis.

ii. PD-FF (Per-De.'itination Queueing with FIFO): a timestamp value (correspond­

ing to the time of arrival of the earliest packet) is maintained for each queue. .\ 

packet corresponding to the queue for which the channel is expected to be good 

and for which the timestamp value is minimum is scheduled for transmission.

iii. PD-RR (Per-Destination Queueing with Round-Robin): packets from the queues 

are scheduled for transmission in a round-robin fashion. .A. packet is dispatched 

to RLC/M A C layer for transmission only if the corresponding channel condition 

is expected to be good.

iv. PD-LQF (Per-De.‘ÿtination Queueing with Longest Queue First): the scheduler 

schedules packets from the different queues based on the length of the queues. 

.A packet is dispatched to RLC/M AC layer for transmission from a queue if 

the corresponding queue-length is the highest and if the channel condition is 

expected to be good for the corresponding destination.

V.  PD -T F S  (Per-Destination Queueing with Time-Frame-Based Scheduling): a 

time-frame (in number of T C P packets) is constructed based on the number
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of sink mobile stations and their fair share of the link bandwidth. A credit 

parameter is maintained for each mobile the value of which is increased during 

each time-frame by an amount determined by the fair share of the mobile and 

the available link bandwidth, .\f ter  a TC P packet is successfully transm itted  

by the BS to a mobile station, the corresponding credit value is decremented 

by one. For each queue a timestamp value is also maintained.

Let d,. d,{credit] and /?, denote the destination i. corresponding queue-

length. credit parameter and fair share of the link bandwidth, respectively. P{t)  

denotes the set of queues for which > 0 and channel-states are expected

to be good. In P{t).  the queues are logically arranged in the descending order 

of the d,(credit) values and. among d, with the same d ,|cred/t) value, the one 

with the highest d,(f/,) value precedes the others, .\gain. if both the d, ( cndi f )  

and the d,(t/, ) values are the same, the one with the lower timestamp value has 

priority over the others. Let .V, denote the time frame size in T C P  packets and 

R  denote the channel da ta  rate.

This transport-layer packet scheduling policy can then be described as follows: 

Procédure Scliednle() {

/*  initialization done after admission of Hows corresponding to d, */  

n, - rnax(l.  !_.V, * d,(credit) =  a,

1. Schedule HOL packet from the first queue in Pi t )  for transmission.

2. Wait until the packet is successfully transm itted or 

transmission is aborted.

3. If (packet is successfully transmitted) 

decrement d,(credit)

4. Update P(t )

Go to step I.

}
The BS scheduler updates the value of d^(credit) for each d, during each time- 

window as follows:

ddcredit)  =  di(credit) -f- a,
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6.4.6 Performance Metrics

•  TCP Throughput (Ti): It is the long-run average bulk throughput of the pro­

tocol and is measured at the destination T C P  layer. Here, it is defined as 

the total number of bytes delivered to the destination application (excluding 

retransmission and losses) divided by the total connection time.
y  '  T ,•  Channel Utilization (U): It is defined as U =  ■ ' . where R  is the total

achievable data  rate in the wireless channel.

•  Fairness Index F: It is a function of the variability of the throughput across the

T C P  connections and has been defined as |S7l: F ( x i  r„) =  , .

where i \  =  observed throughput of the /th TC P connection (0 < t < X ) .  

normalized to the total achievable throughput in the link, and .V =  total number 

of flows sharing the link. But for a wireless network with low bandwidth-delay 

product this measure is rather coarse' (since the value of this metric does not 

change appreciably for the different scheduling schemes as we observe from 

simulations) and we adopt a finer' measure F  which is based on the difference 

between the maximum and minimum achieved throughput: F  = ------- 1------ j:.
‘  ' -T T T u i j r  -  T > n i n  I

where h G I.

•  TFP: It measures the performance tradeoff between the achieved total through­

put and the throughput fairness for a particular multipoint to multipoint packet 

scheduling policy and is defined as follows: TFP  =  ( H , \ i  T,) x F. TFP  is max­

imized when the product of the total throughput and the fairness is maximized. 

In our simulation we assume u =  1 and h = I. The concept of TFP  here is 

similar to that of Power in I88j.

6.4.7 Simulation Parameters and Simulation Environment

Figure 6.1 shows the topolog}' of our simulation. The buffer size at the BS is assumed 

to be infinite. The different simulation parameters are packet size. ACK packet size, 

trunk  delay (TD).  number of concurrent T C P  connections (.V,.). maximum size of 

the sending window (IT), bandwidth allocated for each flow. RT (Retransmission 

Timer) backoff parameter (Q). fast retransm it param eter (/v). maximum number of 

transmissions allowed for each RLC/MAC-layer frame (nmax) and terminal speed (r).
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VIT

VIT

BS

Figure 6.1. Simulation topolofuj ( F T  = fixed tenninal. M T  = rnohilr tennixial. BS  

= hase station).

The TD param eter accounts for the delay experienced by the TCP packets in the 

wired part of the network and hence affects the R T T  (Round Trip Time) value of 

the corresponding TCP connection. If t j r p  is the time required to transm it a TC P 

packet over the wireless link, then R T T  > 2 x 7 D — t - r r - p .  if we ignore the transmission 

delay of the corresponding .\CK packet over the wireless channel.

For the P D -T F 5  scheme, we assume that all the receiving mobiles have an ecpial 

share of the available channel bandwidth and tha t there is one TC P connection for 

each mobile station at a time. The size of the time-frame (in TC P packets) is chosen 

to be equal to the number of simultaneous TC P connections.

.A. C-coded event-driven simulator is used. The values of some of the simulation 

param eters used for deriving the simulation results presented in this paper are shown 

in Table 6.1. Each of the simulations is run until 5 million T C P  packets are suc­

cessfully transm itted . To avoid the transient effects, the first 100000 packets are not 

considered while calculating the performance measures. In the simulator, timeout 

events can be simulated with very fine precision which may not be possible in an 

actual implementation. Simulation results are obtained for the different values of IP. 

À'. Pmax- TO  and under different channel conditions (i.e.. for the different values 

of Pe and faT).
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T a b le  6.1. Simulation parameters.

Param eter \  alue Parameter \'alue !

Channel rate. R 2 Mbps TCP packet size. L 576 bytes

Trunk speed. B 2 Mbps Link-layer frame size 24 bytes \

P T O  initial 2.5 * TD F T  0,„„x 64 '  FTOmUm, 1

Q 2.00 fc 900 MH=

.4CÂ'packet size 24 bytes Simulation length 5 million T C P  packets

6.5 Simulation Results and Discussions

6.5.1 Effects of Variation in \V

TC P connections experiencing the same network conditions hut with different values 

of i r  have different throughputs. Typical variations in i '  and 1 / F  with IT are shown 

in Figures C.2 and 6.3 for some typical values of the simulation parameters. Some 

simulation results are also enumerated in Table 6.2.

In a particular channel condition, the optimum value of IF depends largely on the 

value of TD. For a particular value of TD. if IF is very small, then channel utilization 

will be low since the network will be underloaded, .\gain. if IF is very large (or TD is 

small compared to IF x TD) .  frequent timeout may occur since network load in this 

case will be higher compared to the network capacity. .\s  channel quality deteriorates, 

the situation becomes even worse: therefore, depending on the R T T  value and channel 

error characteristics. IF can be properly chosen to have high channel utilization. 

Hence TCP may be enhanced to dynamically adjmt the maximum TCP window .-nze. 

depending on the network delay and e n v r  condition, retaining it.i basic congestion 

control mechaiiLsm.

Under similar network conditions, with 5 Q -F F a n d  F D - I Q F  based scheduling, the 

observed throughput fairness among the similar T C P  connections is poorer compared 

to tha t for the other scheduling schemes considered here. For lower TD values, the 

fairness index F  for SQ -FF  is observed to be higher than  for PD-LQF.  but as TD 

increases the situation reverses. The throughput fairness is considerably better with 

PD-FF  and PD -R R  based scheduling. In terms of throughput fairness, these two
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T a b le  6.2. Variation in U and 1 /F  for  different values o f W  under different schedul-

ing schemes (for K  = .V, = 4' ^max =  20. J =  0.1 V = 5 k m/ h r ) .

SQ-FF PD- FF PD-■RR PD- LQF PD--TFS

i r U 1/F u  ! 1/F 1 1/F 1 C i f /F U ; 1/F  :

T D  = 5 ms

3 0.860 55.6-22 0.850 21.878 0.854 23.273 I 0.814 1 214.094 0.839 i 1.990 1j  1
4 0.838 61.379 0.833 i 22.085 0.823! 24.291 10.787 I 207.550 0.801 i 2

5 0.823 66.478 0.806 1 21.122 0.802 ! 23.867 ! 0.734 ! 197.090 0.778 ! 3.700 ;

10 0.711 81.531 0.696 18.4-26 0.673 20.521 0.646 ! 269.154 0.664 1 3.987 :

•20 0.701 85.589 0.687 1 19.591 0.664 : 20.460 i 0.639 i 272.791 0.662 4.010

T D  = 15 ms

3 0.594 37.119 0.670 i 12.619 0.532 ! 11.877 0.674 : 25.954 0.670 1  1.712

4 0.722 52.375 0.776 i 16.483 0.743 ; 17.886 Î 0.701 ' 51.056 0.773 0.700

5 0.764 65.180 0.794 1 18.727 0.772 I 20.794 10.730 ii 64.882 0.762 2.180 ;

10 0.701 94.687 0.698 i 20.836 0.673 1 -20.813 i 0.640 I 84.566 0.665 4.423 i

201 0.690 101.512 0.690 19.269 0.665 1 21.254 i 0.637 I 84.992 0.661 3.589 !

schemes offer comparable performance. With the PD-TFS  scheme, as expected. F  is 

significantly higher than in all other schemes.

Simulation results show that,  with 5Q -FF based  scheduling, for a particular value 

of TD. throughput fairness deteriorates as \V increases. But for all other schemes, the 

variation in F  with U ' may not be monotonie and is dependent on the values of T D .  

It is observed tha t the throughput fairness decreases inonotonically with increasing 

values of i r  when TD is relatively larger.

Interestingly, for connections with relatively small \V in relation to T D  (e.g.. \V  =  

Ô . T D  = 15 ms) ,  with F D -F F 5  based scheduling, channel utilization is considerably 

high while it drops off considerably in the case of SQ-FF&nd PD-RR  based scheduling. 

On the other hand, for connections with small window-delaij product (e.g.. W  =  3. 

TD  =  5 ms) ,  channel utilization is found to be greater for FQ -FFschem e compared 

to the other schemes.
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6.5.2 Effects of Variation in TD

Throughput of a TCP connection depends largely on the corresponding RTT value. 

In a wireless IP network, the RTT value for a TC P connection is determined by TD 

and the time required to transmit a T C P  packet over the wireless link.

Simulation results show that, when packet error rate is moderately high (e.g.. 

109c). as TD  is increased, for 5Q-TF-ba.sed scheduling, channel utilization drops off 

more rapidly compared to other schemes (Figure 6.4). For a particular II'. as TD 

increases, throughput fainess improves for PD-LQF  based scheduling (Figure 6.5): 

but for the other scheduling schemes, the variation in fairness index with TD may 

not be necessarily monotonie and is dependent on other parameters such as IF. .V and 

fdT.  It is observed that, among all the schemes. PD -TFS scheme offers the maximum 

throughput fairness under varying values of TD.

Some typical simulation results are enumerated in Table 6.3.
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6.5.3 Effects of Variation in .V,.

Th(’ variation in channel utilization C  with the rmniber of active connections .V,. 

depends largely on the values of \V  and TD  (and hence on window-delav product ). 

For T C P  connections with large window-delay product where IF is small reltive to 

T D .  when .V is small, with SQ-FPscheduling, channel utilization is low compared to 

all other schemes (Figure 6.6). Simulation results for the different values of TD and 

W show that the variation in i '  with .V,. is very small with PD-TFF-based scheduling, 

compared to other schemes.

For all the scheduling schemes except PD-LQF.  throughput fairness improves 

monotonically with increasing Xr (Figure 6.7). The throughput fairness F  is the 

worst for P D -Ü Ç F scheduling policy. The 5Q -F F .scheme only performs better  than 

FQ-LQF  and as expected, among all the scheduling schemes, the P D -T F S  scheme 

offers the maximum throughput fairness under a varying number of concurrent TC P 

connections.

Some typical simulation results are shown in Table 6.4.
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6.5.4 Effects of Variation in f^T

Simulation results show that, for a particular channel finality, as f , iT  flecreases (i.e.. 

error-correlation increases), independent of the values of the system parameters (i.e.. 

i r .  [\. T D .  -\'r. n^ax)- the channel utilization improves for all of the scheduling 

policies considered here. This finding is supportive of some of the earlier results (e.g.. 

in [80]) on the effects of channel error-correlation on TC P throughput. For high 

packet error rate, better performance is achieved for correlated errors than for i . i . d .  

errors because, for a given value of Pe . correlated errors correspond to fewer error 

events (each comprising multiple packet errors) and therefore the congestion window 

is shrunk less frequently than for i . i . d .  errors.

The throughput fairness improves as f j T  increases (i.e.. channel errors become 

more independent). Consequently. TFP  increases as channel errors become more un­

correlated. It is observed that, this trend is independent of the values of other system 

parameters except in some cases when is relatively smaller (e.g.. n^ax = ’-) and 

channel quality is relatively better (e.g.. P e =  0.05). In the la tter cases, throughput 

fairness may not vary monotonically with fdT.  . \m ong all of the scheduling schemes.
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the PD -TFS  scheme offers the best TFP  (Figure 6.8).

Some typical simulation results are enumerated in Table 6.Ô.

6.5.5 Effects of Variation in nm ax

The value of the maximum allowable number of transmissions of a RLC7M.\C- 

layer frame, can significantly affect the total achieved throughput and hence channel 

utilization, depending on the channel-error correlation pattern. Simulation results 

show that,  for all the scheduling schemes, as the channel errors become more in­

dependent. channel utilization drops off rapidly for relatively lower values of n^as 

(e.g.. nmax = ’-) (Figure 6.9). .\s  Umax is increased, channel utilization improves for 

the different scheduling schemes when channel errors become less correlated. This 

is reasonable since, as channel errors become more uncorrelated, while in bad state 

the channel may turn  to good state soon and hence persisting on retransm itting gar­

bled frames is expected to improve RLC/MAC-layer throughput. But. in the case of 

highly correlated errors, when the channel is in bad state, it is more probable tha t 

it will be in the same state in the very near future and hence repeated immediate
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T a b le  6 .3. Variation in U and I f  F  for  different values o f  T D  under different 

scheduling schemes (for K  = 3. rimai = ~0. Pe = 0.1. v = .5 k m / h r ) .

T D SQ-FF PD- FF PD- RR PD- LQF PD--TFS 1

Ons) U 1/F I 1/F ^ 1 1/F U ! 1 /F I Î  1/F :

i r = i o . .V,.=4

5 0.711 81.531 0.696 i 18.426 0.673 ! 20.521 0.646 i 269.1.54 0.665 : 6.721

10 0.712 99.174 0.698 19.222 0.673 i 21.728 0.639 I 141.927 0.664 3.987
•

15 0.701 94.687 0.698 20.836 0.673 Î 20.813 0.640 84..566 0.665 4.423 i

20 0.680 101.127 0.697 18.787 0.673 1 21.728 & 638j 64.658 0.664 3.918 !

IF =20. . \ ;= 2

5 0.666 112.368 0TI68! 41.707 0.656 : .38.255 0.644 !1 141.743 0.655 : 6.721

10 0.637 111.172 0.657 ! 38.994 0.645 ■36.580 0.633 88.144 0.645 ' 5.547 1

15 0.586 103.939 0.632 130.863 0.617 : 31.958 0.614 ! 69.388 0.628 : 2.444 !

20 0.522 98.613 0.598 27.959 0.571 28.443 0..587 ' 69.688 0.598 1 :F136 ii

retransmissions of frames may not be useful. Similar results are observed for different 

values of i r  and TD.

For the different scheduling schemes the throughput fairness does not change sig­

nificantly with variations in It is observed that when channel (|uality is relatively

better (e.g.. Pe =  0.05). for lower values of (e.g.. rimax =  -)• the T C P  through­

put fairness may not vary monotonically with f,{T and improvement in throughput 

fairness with increasing values of f ^ T  becomes more evident with increasing n^ax-

6.5.6 Effects of Variation in K

Simulation results for the five different scheduling polices are obtained for different 

values o l T D  and IF under three different values of K  [ K  =  2. 3 and 5). From the 

results it is observed that, other parameters remaining the same, for a particular chan­

nel quality, the channel utilization and throughput fairness do not vary significantly 

for the different values of K.  The reason is that, since in this T C P  model the value of
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i r  is increased (by 1 until \V{t)  reaches 11'̂ /, and then by 1 /U '(t)) for each duplicate 

ACK and after receiving the /v"* duplicate ACK ) is incremented by K.  it is

more likely that, for a certain value of the maximum window size IT. the average 

window size remains larger for higher values of K.  But with a low value of the fast 

retransmit threshold I \ .  the triggering of the fast retransmission procedure is quicker 

(although the average transmission window size is likely to be smaller) compared to 

the case when K  is relatively larger. These effects result in a similar ’packet pumping 

ra te ’ for the senders and hence in a similar throughput performance for the two cases 

when the other system parameters remain the same.

Some typical simulation results are enumerated in Table 6.6.
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6.6 Integration of TCP Level Packet Scheduling 

into the GPRS Transmission Protocol Stack

The proposed time-frame-based TCP packet scheduling scheme can be easily inte­

grated into the GPRS protocol stack (Figure 6.10). After receiving a T C P  packet 

from GGSX (Gateway GPRS Support Xode). the SXDCP (Subnetwork Dependent 

Convergence Protocol) module in the SGSX (Serving GPRS Support Xode) can op­

tionally perform header compression before passing it to the LLC layer where the 

packet is segmented into frames for transmission over the wireless link. The packet 

dispatching can be controlled by a scheduler residing in the SXDCP layer. In the case 

of frame transmission failure in the LLC layer after some maximum number of trans­

missions. the scheduler in the SXDCP layer can be notified so that it can dispatch 

the T C P  packet from the next candidate queue.
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T a b le  6.4 . Variation in U and I f  F  fo r  different ualue.i of  Xc under different schedul­

ing schemes (for K  = d. n^ax -  ~0. H = 10. T D  = 10 ms.  Pe = 0.05. v -  5 

k m / h r ) .

SQ-FF PD-FF PD-RR PD-LQF PD-TFS

a ; U 1/F F 1/F F 1/F F  1 1/F U : 1/F :

4 0.725 28.252 0.716 6.293 0.686 6.219 0.649 i 142.856 0.675 : 1.415

6 0.726 20.524 0.722 4.924 0.679 4.672 0.642 232.150 0.670 : 0.831 :
,

8 0.729 13.730 0.726 3T93 0.678 3.070 0.640 ! 252.561 0.671 ' 0.677

10 0.729 10.853 0.727 2.363 0.678 2.714 0.636 244.887 0.672 0.541

12 0.728 9.250 0.727 1.955 0.679 2.129 0.632 i 231.694 0.673 : 0.371 ;

14 0.727 7.103 0.726 1.475 0.678 1.644 0.626 214.145 0.674 ; 0.419 I

6.7 Chapter Summary

The performance evaluation of a number of TCP-level packer scheduling policies is 

carried out in terms of channel utilization and throughput fairness (among similar 

competing T C P  connections) for multipoint to multipoint da ta  transmission over 

independently fading wireless channels in a wide area wireless IP network. semi­

reliable R L C /M .\C  layer is assumed underneath the transport layer. . \  time-frame- 

based channel-state aware transport-level packet scheduling scheme has been pro­

posed tha t imitates wireless fair-queueing in long time scale. . \  new metric, namely. 

Throuput-Faime.ss Product (TFP)  has been introduced as a performance measure of 

the different packet scheduling policies. The impacts of different protocol parameters 

(e.g.. T C P  parameters) and network characteristics (e.g.. wired-IP network delay, 

error/loss rate, error-correlation pattern) on wireless channel utilization and TCP 

throughput fairness for the different scheduling schemes have been investigated by 

simulating the system dynamics under multiple concurrent T C P  connections.

The main contribution here is the detailed simulation study of five different 

transport-level packet scheduling schemes to assess their performance in terms of 

channel utilization and T C P  throughput fairness. The system dynamics is fairly com-
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plox. involving many parameters and their interdependencies. Some general trends 

have been identified. It has been observed that in an error-prone wireless network, 

with an underlying semi-reliable link layer, a reasonably high T C P  throughput (e.g.. 

7ô9r) and throughput fairness among similar wide area T C P  connections can be 

achieved when the protocol parameters (e.g.. maximum T C P  window size, maximum 

number of allowable retransmissions at the link layer) and the scheduling scheme are 

properly chosen. Therefore, one important issue is to develop a mechanism for dy­

namic adaptation  of the maximum T C P  window size depending on the network delay 

and error characteristics. This will enforce a two-level control in the T C P  congestion 

control techniciue-control of the maximum allowable window size IF and control of 

the instantaneous value of the window size \V{t).

Simulation results show that, although in some scenarios the PD-TFS scheme may 

not provide the maximum throughput performance among all the schemes described 

here, it provides the best throughput fairness and provides reasonably high channel 

utilization under a varying number of concurrent connections over a large range of 

values of the corresponding round trip times even when the T C P  packet error rate is
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T a b le  6 .5 . Variation in L and  1 /F  fo r  different values of  f , iT  under different 

scheduling schemes (for K  = S. timax = 20. U' =  10. T D  = 10 ms.  A/ = 4)-

SQ-FF PD -FF PD- RR PD ­ LQF PD-■TFS

f d T C 1/F U 1/F U 1 1/F F’ 1/F U I  1 / F  1

0.0096 0.712 99.174 0.697 18.787 0.673 21.728 0.639 !1 141.927 0.664 3.987

0.0192 0.706 70.181 0.692 12.078 0.668 13.923 0.635 1 132.878 0.660 1 2.985

0.0384 0.703 43.031 0.691 8.555 0.666 : 10.972 0.634 ! 126.842 0.658 I 2.425

0.1152 0.698 20.099 0.687 5.750 0.662 I 4.931 0.632 117.857 0.656 i 0.984

as high as 10%. For T C P coiinecticais with long round rrip ririu* and ndarivoly small 

valiu's of maximum window size, rhe PD -T FS  scheme out performs rhc other schemes 

in terms of channel utilization as well.

The following provides a brief summary of the key simulation results:

•  The optimum value of the maximum T C P  window size depends largely on 

network delay and error condition.

•  Among all the scheduling schemes, the PD -TFS  scheme gives the most through­

put fairness and the value of the TFP  metric is found to he the highest for the 

PD -TFS  scheme. Throughput fairness with SQ-FF  and PD-LQF based schedul­

ing is considerably low compared to that for the other schemes. Comparable 

performance, in terms of throughput fairness, is observed with PD-FF and PD- 

R R  based schemes.

•  .Achieved total throughput (and hence overall channel utilization) for connec­

tions with a relatively small IP relative to TD  is significantly low for SQ-FF  

and PD-RR  schemes compared to that for the other scheduling schemes.

•  As the number of concurrent T C P  connections decreases, channel utilization 

falls off significantly with 5Q -F F  based scheduling compared to other schemes, 

especially when the maximum T C P window size is small compared to the 

window-delay product.

•  The throughput fairness is better when the round trip time values of the corre­

sponding connections are relatively large. .A consistent increase in the through-
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put fairness is observed for all the sehediilins schemes, except PD-LQF.  as 

the number of concurrent T C P  connections increases. Throughput fairness in­

creases monotonically with increasing wired-network delay for PD-LQFschvdnl-

•  For a particular channel quality, other parameters remaining the same, as the 

terminal speed decreases (i.e.. channel error-correlation increases), the channel 

utilization improves. On the other hand, throughput fairness generally improves 

as channel error events become more independent.

•  When channel errors become more uncorrelated, smaller values of the RLC/MAC- 

layer retransmission parameter rimax (e.g.. n^ax = 2) degrades channel utiliza­

tion.
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T a b le  6.6 . Variation in U and 1 / F  fo r  different values of K  under different schedul­

ing schemes [for TD — 10 ms.  =  20. Pe = O.l. r = 5 k m/ h r ) .

SQ-FF PD-FF PD-RR PD-LQF PD-TFS

U 1/F L' 1/F u  I 1/F U ! 1/F U 1 1/F

11 =  1(1. -V,.=4

2 0.712 94.167 0.698 19.222 0.673 i 20.291 0.639 1' 141.453 0.665 3.120

3 0.712 99.174 0.697 18.787 0.673 121.728 0.639 1 141.927 0.664 1 :T987

0.712 96.630 0.697 18.538 0.673 20.397 OTWO! 141.743 0.664 i 4.175 ;

11=20. . \ > 2

2 0.636 113.360 0.657 38.956 0.645 i 36.580 0.633: 88.173 0.645 5.526 '

3 0.636 111.171 0.657 38.994 0.645 36.585 0.633 ; 88.144 0.641 5.547

5 0.636 110.171 0.657 38.972 0.645 36.561 0.633 : 88.195 : 0.645 5.535 i
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Chapter 7 

Link-Level Traffic Scheduling for 

Providing Predictive QoS in 
Wireless Multimedia Networks

7.1 Introduction

W ith increased focus on rnnltiniedia networking services and ubiquitous irddrination 

access, "multimedia migration' to mobile portable platforms seems to be the most 

significant issue in the next generation wireless mobile networks. Extending the high 

speed wireline networking infrastructure with a wireless access mechanism will make 

seamless end-to-end networking possible with consistent service characteristics [891. 

It is expected that with mobility built-in' to future network . \P I  (.Application Pro­

gramm ing Interface) specifications, uniform fixed/wireless network .API will make 

terminal mobility transparent to application software 190].

ATM-based technolog}" can provide high speed wireless multimedia communica­

tions. In fact, the fine grain multiplexing provided by .ATM due to the fixed small 

cell'- size is well suited to slow-speed wireless links since it leads to lower delay j i t te r  

and queueing delays. In addition, the QoS specifiable \ ’Cs ( \ 'ir tual Circuits) in the 

ATM provide the ability to meaningfully distinguish the da ta  cells sent over the air 

and not treat all of them according to some generic policy [91]. In a wireless IP net­

work. the same advantages can be derived through using relatively small link-layer 

frame size along with bandwidth allocation on "per-how' basis. From now on. the

‘The term cell here refers to the basic transm ission unit in .\TM .
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terms \ ' C  and 'flow' will be used interchangeabl}-.

The different traffic streams with different QoS requirements in a multimedia flow 

can be transported over different \ 'Cs. QoS requirements at the network level (e.g.. 

bandwidth to be reserved, tolerable end-to-end delays and tolerable da ta  loss rate) are 

directly derived from the transport characterization (e.g.. average da ta  rate, sensitiv­

ity to real-time skew in data, in termedia/intramedia synchronization ) of multimedia 

flow [92j.

Network QoS requirements are specified by parameters such as CTD  (Cell Transfer 

Delay). C D V  {Ce[[ Delay \  ariation) and CLP  (Cell Loss Probability). For n r t - \ ’BR 

(Xon-Real-Tirne X'ariable Bit Rate). . \B R  (.\vailable Bit Rate). CBR (L'nspecified 

Bit Rate) and G FR (Guaranteed Frame Rate) traffic. CLP  is the most Important 

QoS parameter to be guaranteed. Both CLP  and CTD  are to be guaranteed for 

CBR and r t- \ 'B R  traffic, and if it is assumed that the C D F  can be compensated by 

using buffering and output control at the BS or .A.P (.Access Point), it gets merged 

with the CTD  issue. For wireless multimedia networks, the general QoS requirements 

(e.g.. loss and delay requirements) for the different components in a multimedia traffic 

stream in terms of different .ATM service classes can be described as in Table 7.1.

T a b le  7.1. Different service classes fo r  ivireless maltiniedia netivoiis.

Service class Example application Bandwidth 

reqd.( bps )

Maximum 

delay (ms)

Target CER

CBR \b ice  telephony. 32 K - 2 M 30-40 < 10--

digital T \ '

r t - \ B R Real-time video 32 K - 2 M (avg.) 40-90 <  1 0 - ’ ’

conferencing 128 K - 6 .M (peak)

n r t- \ 'B R .Multimedia email 1 M - 10 M unbounded <  10-*

Digital video i
ABR. G FR Web browsing 1 M - 10 M unbounded <  10-’

UBR File transfer 1 M - 10 M unbounded <  10-*

The four basic degrees of QoS provided by a network along with the corresponding
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QoS reliability (in a general sense) and the resulting resource utilization are listed in 

Table 7.2 [93]. Guaranteed QoS is usually achieved by analyzing the worst-case traf­

fic and reserving sufficient resources to provide requested QoS even under the worst 

network condition. When the flows are bursty, because of the isolation of resources, 

guaranteed QoS inevitably results in low resource utilization [94]. W ith  statistical 

QoS. it is promised that no more than a specified fraction of cells will see a perfor­

mance below a certain specified value. In general, the algorithms providing statistical 

QoS result in lower resource utilization compared to the algorithms providing pre­

dictive QoS. Predictive QoS differs from best-effort QoS in that the latter does not 

consider the QoS requirements of the applications at all.

Providing predictive QoS has the advantage of not retjuiring the call to specify 

its traffic parameters, but the call must belong to one of a predefined set of classes 

and its traffic should correspond to the traffic characteristics of that class if the guar­

antees are to be reliable. Measurement-based bandwidth allocation and admission 

control schemes [95] can be employed to avoid the re(|uiretuent of tight traffic mod­

eling. Fluctuations in the network load can produce variations in the provided QoS. 

Measurement-based call admission control combined with the relaxed predictive QoS 

commitment can achieve a high level of network utilization. Since predictive QoS 

provides higher resource utilization, it is particularly desirable for a resource (e.g.. 

channel bandwidth) limited wireless environment.

In a wireless mobile network, predictive QoS can be ideal for the scalable mul­

timedia applications which are expected to tolerate some occasional degradations 

in network performance due to time and space dependent channel errors and user 

mobility. Predictive QoS control in a wireless multimedia network can be achieved 

by measurement-based call admission and traffic priority-based dynamic bandwidth 

allocation in M.\C protocol, as will be described here.

In this chapter, a set of burst-level per-\ 'C  cell scheduling schemes is presented for 

transmission of multiservice traffic over T D M A /T D D  channels in a W.A.TM (Wireless 

.A.T.M) network. Performance evaluation of the schemes is carried out using computer 

simulation, assuming correlated channel fading. The work is based on the premise 

tha t multimedia traffic is often bursty and that, in a wireless multimedia network, the 

different multimedia applications can tolerate occasional degradations in QoS. There-
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T a b le  7.2. Degree of QoS.

QoS degree I Realization of QoS QoS reliabilityjResource utilization}

guaranteed

statistical

predictive

best-effort

guaranteed 

may be violated 

(with a certain probability) 

network rnav sometimes fail 

QoS is ignored

highest lowest j

< guaranteed ! > guaranteed {

1 1

< statistical ' > statistical
1

lowest highest ,

fore, burst-level cell scheduling at the link level for dynamic bandwidth allocation 

to different adm itted  connections may be ideal for providing predictive QoS while 

achieving high channel utilization. By integrating with proper traffic conditioning 

schemes the scheduling framework can be adapted as the M .\C policy for wireless IP 

networks.

The organization of the rest of the chapter is as follows. Section 7.2 describes 

the primary issues of concern in link-layer traffic scheduling in wireless multimedia 

networks (e.g.. \V.\TM networks) and the relevance of our work. Subsequently, the 

scheduling algorithms are presented in Section 7.3. Section 7.4 is concerned with the 

com puter simulations of the proposed scheduling schemes. The effects of correlated 

wireless channel errors and using channel state information in the proposed scheduling 

framework are described in Section 7.5 along with the simulation results. In Section 

7.G. the findings are summarized and the conclusiotis are stated.

7.2 Link-Layer Traffic Scheduling in Wireless Mul­

timedia Networks

In a wireless network tha t supports integrated multiservice traffic, the link-Iayer traf­

fic scheduling protocol is to be designed so that the QoS requirements of the traffic 

flows from the different mobile stations sharing the limited wireless channel band­

width are satisfied and. at the same time, high channel utilization can be achieved. 

Im plementation (in hardware an d /o r  software) simplicity and energ}' efficiency are
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treated as other im portant considerations. Most of the battery  power is consumed 

while a mobile is in transm it and /o r  receive mode, while least power is consumed in 

standby mode. Moreover, frequent turnaround between transm it and receive modes, 

which typically takes between 6 to 30 fis. can cause considerable wastage of channel 

time' and battery  power. By using reservation an d /o r  polling-based techniques, by 

provisioning for broadcasting of the transmission schedule of the mobiles from the 

BS/.A.P and by allocating contiguous slots to the mobiles for transmission and recep­

tion. the bits per joule' rating (i.e. energ}' efficiency) of the traffic scheduling policy 

can be significantly increased [96j.

In a wireless network. TD M A /TD D -based cell multiplexing schemes provide be t­

ter flexibility in controlling the available channel bandwidth by dynamically allocating 

the length of each downlink and uplink period in a TDD frame. In addition, the mul­

tipath  interference can be mitigated to a reasonable extent by deploying an adaptive 

antenna array only at the BS/.AP. This sort of spatial diversity protection would he 

necessary in a wireh’ss multimedia network since techniques such as frequency di­

versity and time diversity, which are usually used for narrowband circuit switched 

systems, may not be appropriate in a broadband environment ;97|. For FDD. to 

combat m ultipath fading, diversity antennas are needed to be deployed at both the 

B S /A P  and the mobile station. TDM.A/TDD-based cell multiplexing scheme based 

on centralized scheduling can also simplify the management of multicasting traffic in 

a cell-.

Here, it is shown tha t,  traffic priority based dynamic per- \ 'C  (or per-flow) schedul­

ing for transmission of multimedia traffic over T D M A /T D D  channels can provide high 

channel utilization with a tolerable loss and delay performance in a wireless network. 

.At the same time, an energ}-efficient M.AC protocol can be realized. Per-\ 'C  schedul­

ing is preferred to cell by cell scheduling since the latter can be a significant burden 

on the BS/.AP. The idea here is to reserve some bandwidth (which is changed dynam ­

ically) during each frame-time for each class of traffic, and to d istribute the excess 

bandwidth according to the instantaneous needs of the adm itted  connections.

The burst-level cell scheduling schemes that are being presented to transm it mul-

"Here. cell refers to the coverage area of a B S/A P. The two different m eanings o f  cell will be 

apparent from the context.
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tiservice traffic over T D M A /T D D  channels in brodband wireless networks are FCFS- 

FR (First Come First Served with Frame Reservation). FCFS-FR-f-. ED F-FR (Ear­

liest Deadline First with Frame Reservation). EDF-FR-f and M TDR (Multitraffic 

Dynamic Reservation). .\11 of these are centralized schemes with some resource isola­

tion (i.e.. bandwidth reservation) for each of the different traffic classes coupled with 

dynamic allocation. The number of slots allocated to a \ 'C  in a frame is determined 

by the traffic type, the amount of traffic load. T 0 . \  (Time of . \ r r iva l) /T O E  (Time of 

Expiry) value of the data  burst an d /o r  the length of the da ta  burst.

F C F S -F R  and E D F -F R  are based on T 0 . \  and T O E  values of da ta  bursts, re­

spectively. while FC F S -F R -r  and EDF-FR-f- also take queue-lengths corresponding 

to the different \ 'Cs into consideration while performing scheduling computations. 

M T D R  is based on both T O E  and queue-length. In the cases of F C F S -F R . FC FS- 

FR-^. E D F -F R  and EDF-FR-!-. for each traffic class, cells corresponding to only one 

\ 'C  are scheduled for transmission during a frame-time if there are sufficient number 

of cells to transmit during that frame-time. For M TDR. all of the candidate \ 'C s  in 

a traffic class get a minimum share of bandwidth during a frame-time. Therefore, 

for FC F S -F R . FC FS-FR -r .  E D F -F R  and E D F -F R ^ .  each of the \ 'C s  is expected to 

get a larger number of slots at a time compared to the M T D R  case. We presettt 

simulation results for different traffic scenarios. The performances of E D F -F R -r  and 

M T D R  schemes are also evaluated in the presence of correlated channel errors. In this 

case, the channel sta te  information is exploited so that it becomes robust to channel 

impairments to some extent.

. \  round-robin-based link-level channel-state-dependent packet scheduling (CS- 

DPS) was proposed in [591 mainly as a means of enhancing T C P  performance for 

a system featuring RTS (Request to Send)-CTS (Clear to Send) messaging. This 

scheme was enhanced by combining it with CBQ (Class-Based Queueing) in [58] even 

though the QoS requirements of different multimedia traffic were not considered. In 

fact, in a high-speed networking scenario, per-cell scheduling may not be com puta­

tionally feasible and per-\ 'C  scheduling is more desirable from an implementation 

point of view. Moreover, the RTS-CTS-based channel probing used in the above 

works may often result in discrepancy between the actual channel s ta te  and the esti­

m ated channel state since links are monitored only occasionally (frequency of which
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is determined by a parameter g).

W ith  the TD M A/TD D-based MAC protocol being considered here, each mobile 

station suffering collision can send a probe message' during the RA  slot (in a minislot) 

in each frame-time (which is typically very small). If the BS/.AP receives it correctly, 

it can resume allocating bandwidth to the corresponding mobile station. Thus, it is 

possible to sample the channel status in a more fine-grained' manner in this case by 

using an efficient contention resolution scheme in the RA  minislots and. consequently, 

a better channel estimation may be achieved.

It is observed that most of the M.AC schemes proposed for broadband wireless 

networks (e.g.. W.ATM networks) in literature take into consideration voice and da ta  

traffic an d /o r  simplified video traffic model i96]. The issue of energy-efficiericy and the 

effects of time-varying channel errors on link-layer multitraffic scheduler performance 

have not been given much thought (except in very few cases, e.g.. [96]). The EC- 

M.AC (Energ)' Conserving Medium .Access Control) protocol proposed in [961 uses 

a priority round-robin with dynamic reservation update  and error compensation' 

scheduling where CBR and \ 'B R  traffic are prioritized over UBR traffic and within 

the same traffic type different connections are treated using round-robin mechanism. 

TO.A/TOE values of data  bursts are not explicitly taken into account for scheduling.

Our work presented in this chapter complements some of the works on TDM.A/TDD- 

based M.AC protocols for dynamic bandwidth allocation in multiservice wireless net­

works. e.g.. M.ASC.AR.A (Mobile .Access Scheme Based on Contention and Reservation 

for .ATM) [65]. MDR (Multiservices Dynamic Reservation)-TDM.A/TDD protocol [63] 

and EC-M.AC [96]. The work here is different in tha t the scheduling schemes consid­

ered are based on soft' resource isolation for different types of traffic and at the same 

time dynamic allocation based on the instantaneous needs of the connections carrying 

the same type of traffic. The priority of a connection is determined based on the traf­

fic type, the TO.A/TOE value and /o r  the da ta  burst length. Simulation results reveal 

th a t  the EDF-FR-f and M TDR schemes can provide reasonably good QoS with high 

channel utilization in a multiservice traffic environment. FCFS-FR. FCFS-FR-f and 

F D F -F R  schemes provide inferior cell multiplexing performance. In particular, the 

F D F -F R  scheme overprovisions CBR traffic and causes high cell loss for r t - \ 'B R  traf­

fic. In addition, schemes such as FD F-FR -f and M TD R are easy to implement and
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provide qualitatively better power efficiency (due to contiguous slot allocation and a 

fewer number of transceiver turnarounds). The novelty of such a scheme lies in its 

QoS-awareness. simplicity, flexibility, link-state awareness and power-efhciency. The 

QoS degree considered here is predictive QoS. The performance evaluation is carried 

out in the presence of long-range dependent (e.g.. Pareto) da ta  traffic, short-range de­

pendent (e.g.. Poisson) da ta  traffic. H.261-coded bursty video traffic and short-range 

dependent voice traffic.

In this connection it is worthy to mention some of the packet-level traffic schedul­

ing policies proposed for switches/routers in order to provide guaranteed QoS in 

wireline integrated services networks [98j. .\11 fair queueing algorithms use weights to 

compute bandwidth allocations for different streams and the weights are computed 

from a priori knowledge of the traffic streams corresponding to different connections, 

which is often difficult for diverse type of multimedia traffic. .Again, adapting fair 

queueing for the wireless networks is complicated due to the presence of time and 

space dependent channel errors [99]. This is also true for link sharing schemes based 

on CBQ. In addition, these type of schedulers are inefficient for highly bursty traf­

fic. such as for MPEG video, whose throughput requirements change drastically over 

time. Even though the bandwidth shares in these rate based schedulers can be dy­

namically adjusted, the way this can be done in a wireless .M.AC protocol is not well 

understood.

In another class of scheduling called CBS (Cost Based Scheduling) i lOOj. time- 

varying cost functions are specified for each traffic class and the objective is to schedule 

packets from different class to minimize total cost. Each packet's cost at any time 

can be calculated independently of any other queued packets. The calculation of 

packet priorities is not trivial, except for simple cost functions, and specifying service 

constraints using cost functions will be complicated.

7.3 Burst-Level Cell Scheduling Schemes

7.3.1 T D M A /T D D  Frame Structure

It is assumed tha t each TDM.A/TDD frame consists of a RA  slot (comprised of Xr  

minislots). U T  slots. A C K  and D T  slots as shown in Figure 7.1. The boundary
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Figure 7.1. T D M A /T D D  frame format.

between the UT  and .4CA'slot(s) is not fixed and is determined by the B S/A P based 

on the symmetry of traffic load in the uplink and downlink directions. For some traffic 

classes (e.g.. video-conferencing and voice) it is more likely that, for each VC  in the 

uplink direction, there will be one \ ’C in the downlink direction. This may not be 

the case for da ta  traffic. The boundary between .ACK and D T  slots is also movable.

7.3.2 Description of the Protocols

The scheduling protocols perform burst-level cell multiplexing at the air interface for 

the multitraffic cells corresponding to the different \ 'Cs. Each \ ’C is identified by 

a {MTid (Mobile Terminal id). \ ’Cid} pair. For each new da ta  burst, the mobile 

station transm its  the reservation request information, such as traffic type, queue- 

length s ta tus  and TO.A/TOE value (which is assumed to be same for all the cells in a 

d a ta  burst), in one of the minislots during the R.A subperiod and then it switches to 

s tandby mode. .A mobile station may have more than one \ ‘C active at a time, each 

of which is presumably carrying traffic of a specific class in a multimedia How. S- 

.ALOH.A-based contention resolution can be used in the reservation of minislots. Some 

spread-spectrum-based signaling can provide improved performance for the contention 

resolution mechanism in the reservation minislots.

.After the reservation requests are successfully received, the BS/.AP registers the 

corresponding \  Cs as active' for service and stores the reservation information. Then 

it executes any one of the scheduling algorithms (as described later) to compute the 

allocation of U T  slots in the next frame among the active' \ ‘Cs. It transmits the 

slot allocation information (e.g.. total number of UT  slots. U T  slots allocated to each 

user and their positions in the frame, sta tus of the D T  slots) in the .ACK slot(s)
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along with the acknowledgement information for the UT  slots in the current frame 

after the UT  slots pass by in the current frame (Figure 7.1). The mobile stations 

in the standby mode switch to receive mode at the s tart of the A C K  slot(s). This 

strategy' will cause, at most, two turnarounds between transmit and receive mode in 

a frame-time compared to three transceiver turn arounds per frame-time as in the 

EC-MAC [96j protocol. If a new data  burst arrives at the mobile terminal while it is 

active in transm itting the previous data  burst, it can send the new buffer information 

to the BS/A P without going through the reservation process. In this case, the cells 

corresponding to the previous burst are assumed to he lost and the mobile terminal 

informs the BS/A P of the new TO.-\/TOE value of the corresponding data  burst.

7.3.3 Scheduling Algorithms

7.3.3.1 Parameters and N otation

The BS/A P keeps the following information for all the adm itted \ 'Cs in the system: 

\ 'C id  and the corresponding MTid. traffic class (i.e.. C B R /r t - \ 'B R  /n r t - \ 'B R / . \B R / -  

U B R /G F R ). qiieue-length s tatus and T O .\ /T ( )E  value. For simplicity, we consider 

three traffic classes: CBR. r t - \ 'B R  and n rt- \ 'B R . Here, the n r t- \ 'B R  class is assumed 

to include also .A.BR. L’BR and G FR  traffic, .\fter each slot, the B S/A P updates the 

T O .\ /T O E  information for each of the active" \ 'C s  (i.e.. \ ’Cs for which reservation 

requests have been successfully transm itted  and these \ 'Cs are waiting for bandwidth 

allocation in the next frame).

The following parameters are defined: S,. 5r„. S,u- Sack and S,it denote the total 

number of slots, the number of RA slots, the number of UT  slots, the number of 

.4CA'slots and the number of D T slots, respectively, in a TDM.A./TDD frame. Then. 

St = Sra Sat +  Sack 4" 5,if. R c b r -  Rrt-VBR and Rnrt-VBR denote the number of slots 

reserved for CBR \ ’Cs. r t - \ 'B R  \ 'Cs and non-real-time (i.e.. n r t - \ 'B R / .4 B R /G F R ) 

\"Cs. respectively, in each frame-time and vcbrU)- ’’rt-VBRU)- ’’nrt-vBRU) denote the 

corresponding instantaneous values. 1 C JC B R ). 1’C',(rt-\'BR) and \ 'C ', (n r t- \’BR) 

denote the fth CBR. fth \ 'B R  and fth n r t- \ 'B R  \ 'C . respectively, \ c b r -  

and y>'nrt-\ BR denote the number of adm itted  CBR. r t- \ 'B R  and n r t - \ ’BR \  Cs in the 

system, respectively, and bcbrU )-  rirt-vBR{t)- Rnrt-\ BR{t) denote the instantaneous
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number of the active' CBR. r t - \ 'B R  and n r t- \ 'B R  \'Cs. Q, denotes the queue-length 

corresponding to \ 'C, .

\ 'C i { C B R ) s  are given priority over \ 'C ',(r t- \ 'B R )s  due to their more stringent de­

lay and loss recpiirements. A minimum amount of bandwidth is reserved during each 

frame-time for audio, real-time video and non-real-time traffic by setting a nonzero 

value for R c b r - Rrt-vsR  and Rnrt-VBR- respectively. The values of the param e­

ters R c b r - R h - v b r  and Rnrt-VBR can be changed dynamically depending on the 

instantaneous traffic load. The maximum and minimum values of these parameters 

would depend on the admission control and pricing policies for CBR. r t - \ 'B R  and 

n r t - \ 'B R  \ 'C s . The simplest adapta tion  policy is to toggle them between some fixed 

value of R c b r ! R vi- v b r I Rnrt-VBR and 0. depending on whether there are any ac­

tive' C B R /r t - \ 'B R /n r t - \ 'B R  \ 'C s  when scheduling computations are performed. The 

values of the parameters R c b r - Rrt-VBR and Rnrt-VBR can be varied adaptively de­

pending on the QoS satisfaction of the active' \ 'C s  using some measurement-ijased 

scheme. For a fixed value of St. as has already been mentioned, the value of 

depends on the traffic symmetry in the uplink and downlink traffic. If we assume 

th a t  for each of the rC , (C B R ) / \ 'C , ( r t - \ 'B R )s  in the uplink direction, there is a 

corresponding r C , ( C B R ) / f ’C ( r t - \ 'B R )  in the downlink direction, then for CBR. 

r t - \ 'B R  and n r t- \ 'B R  traffic present in both directions. S„tn can be approximated

b \  ( .bf Rr n  Rack)  * R  ( nrf — B R],uplink /  R  [nrt — \ '  B R).dnirnlink i f  a S S U m e  t h a t  d l l  t h e

n r t- \ 'B R  \ 'C s  carry similar traffic load.

7.3.3.2 Algorithm s

It is assumed that the scheduling com putations for frame-time t are performed just 

after the R A  slot in the previous frame-time. The algorithms for determining the 

number of slots to be allocated to each of the active' \ 'C s  are described below. 

FC FS-FR :

Let PcBR(t)- Prt-vBR(t)  and Pnrt-vBRit]  denote the set of active' \ 'C ,(C B R ). 

\ 'C ,( r t - \ 'B R )  and \ 'C ,(n r t- \ 'B R )s .  respectively, during fth frame-time (i.e.. one frame­

time later than  the scheduling com putation time).

Let P{t)  =  PcBrR)  u  Prt-\ B R { t )  U Pnrt-VBR{t)- ftl PcBr{^)- P r l - Y B R ^ -  P n r t - V B R { i )  

and in P{t)  the \ 'C  numbers are ordered with ascending T 0 . \  values of the corre-
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spending da ta  bursts. The ordering among the \ 'Cs with the same T 0 . \  value is 

assumed to be random.

Procedure F C F S S R ( )  {

1. I f  ( n c B f t l O  =  0)  {

J'c b r W  =  0 . Z( t )  =  R c b r

}
Else {

' 'cbr{^) =  R c b r - Z[ t )  = 0. i =  0 

While ( I <  \ P c b r [^) \  and r c B R ( f )  >  0 )  {

.Allocate o n n i Q d t ) .  r r sR i/) )  slots to I 'C , in PcBR(t)  

rcBR(t)  = RcbrU)  - rri iniQAt).  r c B u d ) )

} /*  While ' /

Z( t )  = Z{t )  ^  rcBRi f )

} /* Else */
2.  If  { n r t - V B R ( t )  =  0)  {

' 'rt-\ BR{t) =  0. Z{f )  = Z{t )  ~  Rrt -VBR

}

Else {

^rt-\"Br I^) ~  Rrt~\'BR- ' — 0

While (/ < |Pr(-re/?(^)|and Crt-vBaR) > 0) {

.Allocate m in (Q d t ) .  rrt-\-BR[f)) slots to I 'C , in Prt-\  BR[t) 

rrt-VBR{t) = rri-VBR{t) * rnin{Q,{t). rrt-VBR(f))
Update Q, corresponding to UC, accordingly

} /*  While */

Z{t]  =  Z{t )  4- rrt-\  BR(f )

} /* Else */

3.  If  ( r i n r t - VBRi f )  =  0 )  {

^nrt-\ 'BR{t) ~  b. Z[ t )  — Z( t )  T  Rnrt -VBR

}
Else {
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^nrt-rBfl(0 — f^nrt-\'BR- * — 0

While (/ < \Pnrt-VBR{f)\ and r„rf_i-Bff(0 > 0) {

Allocate min(Q,( t) .  r\, .t-vBR(t)) slots to I 'C, in Pnrt-VBRit)

^nrt-\.'BR{^) =  ^nrt-\ BR{t) '  min{Qt{t) . r^rt-VBr {^))
Update Q, corresponding to \ 'C, accordingly 

i +  +

} /*  While * /

Z{t)  =  Z(t)  4- rnrl-VBRP)

} /*  Else * /

4. / =  0

While [ i  <  \ P { f ) \  and Z ( t )  >  0)  {

Allocate m i n i Q M ) -  Z ( t ) )  slots to UC, in P [ t ]

Z i t )  =  Z { t )  -  m i n { Q , { t ) .  Z ( t ) )

Update Q, corresponding to \ 'C ,  accordingly

} /*  While

}
F C F S -F R -r :

F C F S -F R -r  is similar to F C F S -F R  except that among the \ 'C s  with the same 

TO A valtte. the one with the highest Q, value is prioritized over the others.

E D F-FR :

Let P c B R i t ) .  P r t - V B R { t )  and P n n - V B R ( t )  denote the set of active" \ 'C ,(C B R ). 

U C ,( r t - \ ’BR) and U C ,(nrt- \ 'B R )s.  respectively, during tth frame-time where the \ 'C  

numbers are arranged in the ascending order of the TO E values of the corresponding 

d a ta  bursts. Then, the allocation algorithm is similar to FCFS-FR.

E D F -FR -r:

EDF-FR-t- is similar to E D F -F R  except that among the \ 'C s  with the same T O E  

value, the one with the highest Q, value is prioritized over the others.

M T D R :

Let PcBR[t). Prt-\ BR{t] and Pnrt-\ BR{t) denote the set of "active" \ 'C , { C B R ) .  

U C ,(r t- \ 'B R ) and U C ,(n rt- \ 'B R ). respectively, during tth frame-time where the \ 'C  

numbers are arranged in the ascending order of the TO E values of the corresponding
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d a ta  bursts. The \ 'C s  with the same TO E value are arranged in the descending order 

of the Q, values.

Procedure M TDR()  {

1. Initialize: a =  6 =  0 

If (ncBuit)  = 0). rcBR(t) = 0 Else nramlN =  R c b r  

If ( l l r l -X BRin  =  0). r r t - \  B R { t )  =  Ü Else r r t - \ ' B R i f )  — ^ r t - \  HR 

If (f^nrl~\' Br{^) ~  0) ' / nrl-\' B r(^) ~  b Else aftlO — Rnrt-\'  BR

If { h c b r U )  7̂  0). a =

Else if itirt-vBRi^) #  b). h = 

Compute Z

where /., =

nc BnC ) 
fIX 7ixrX — I B/CO
^n-VBRiC

2. Compute Zit )  = S,a,i — 'ICBRif )-» ~ BRiH-f^^ r\->'rl-\'BR(f) ’'nrt-\ BR(f )
1 i f  r>cBRit) > b 
Ü O t h e r w i s e

3. If {iicBRif) r  b) {

For each \ ’C \{C B R)  {

l f ( ( ) , ( 0  < " )  {

.\llocate Q, slots to \ 'C ,{C BR)

Z[t)  =  Z i t )  -r (fZ — Qiit))

Qtif)  =  b 

} / '  i r /
Else allocate n slots to I 'C , and Q,{t) = QAt) -  n 

} /*  For */
/*  allocate slots on a round-robin basis among the \ 'Cs 

in PcBR[t) one slot each time */

I =  0

While iPcBRi^) /  0 one/ Z i t )  > rr t -vBRi^  ~  f \ r , -v a n ( /) )  {

Allocate I slot to V C \{C B R )  in Pc b r { )̂

Decrement Z i t )  and QAt)

If iQAt) = b) PcBR(t) =  PcBRiA) -  (I C A C B R ) }

I = (/■ -h 1) mod \PcBR{t)\

} /*  While */

} /*  If " /
Else if {nrt-vBR(t) #  b) {

For each r C , ( r /  — \ ' B R )  {
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Allocate Q, slots to \ 'C \ (r t  -  \ ’B R )

Qi{t) =  0

} r  i r /
Else allocate h slots to I 'C , and Q,(t) = Q^(t) -  b 

} For */

allocate slots on a round-robin basis among the \ ’Cs 

in Prt-\ BR(f) une slot each time */ 

i =  0

While (Prt-\ RR{f) #  0 nnd Z(t )  > r^r^-t ««(H) {

Allocate I slot to \ 'C , (r t  -  \ ' BR)  in Prt-\ BR(f)

Decrement Z(f )  and Q d P

If IQ,ID = 0) Prr-i HfflD =  Pri-\ HR{t) ~  {I C,[rf  -  \ BR] )

/ =  (/ -f I) mod \Prt~\'BR(P\

} r  While 7  

} r  Else if 7  

i. =  0

While ( P n r t - V B R ( f )  #  0 "u d  Z{f )  > 0) {

Allocate 1 slot to \ 'C,{nrf  -  \ ' BR)  in Pnrt-VBR(P 

Decrement Z(t) and Q,(D

If ( Q i l D  =  0) P n r t - V B R { f )  =  E’n r ( - f B R  ( D  ~  { I  Ct (nrf  — \  B R)}

( =  | i  -f 1) mod \ P n r l - V B R { P \

} r  While 7

}
The scheduling algorithm first a ttem pts  to allocate all the slots {excluding those 

reserved for r t - \ 'B R  and n r t- \ 'B R  traffic) uniformly to all the active' CBR \'Cs. The 

left-over slots (if any) are then allocated to those active' CBR \ 'Cs requiring more 

slots in a  round-robin fashion starting from the one with the highest Q, value among 

the \ 'C (s) with the lowest TOE value. The r ^ t - x  B R  slots and the slots left-over (if 

any. excluding the r ^ r t - y B R  slots) are allocated to the r t- \ 'B R  \'Cs. The r ^ r t - v B R  

slots and the left over slots (if any) are then allocated to the active' n r t- \ 'B R  \ 'C s
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in a round-robin fashion starting with the one having the highest Q, value among 

the \ ’C(s) having the lowest TO E value. The algorithm can easily he extended for a 

larger number of traffic classes. It is to be noted that, for a =  b =  0. it reduces to 

simple round-robin based scheduling within each traffic class.

.\f ter  the number of slots to be allocated to each \  C is determined, the allocations 

during the frame-time are made so tha t each mobile station gets contiguous slot 

allocation. The slot allocations during the frame-time are determined according to 

the priority based on the TOE values and the corresponding traffic class (with CBR 

class having the highest priority and the n r t- \ 'B R  class the lowest). In the case that 

two \ 'C s  in the same traffic class have the same TOE value, the one with the higher 

Q, value is prioritized over the other. Next, the scheduler checks whether the TOE 

value reaches zero for any one of the \ 'C s  to which slots have been allocated. If it 

happens, then, in order to avoid wasting bandwidth, the slot(s) are allocated to the 

\ ’C for which the next immediate slot has been allocated during this frame-time.

7.3.3.3 Computational Com plexity

Each time a new \ 'C  is admitted into the system, the BS/.-\,P controller updates the 

relevant data-structure (e.g.. linked list) for the admitted \ 'Cs at the cost of 0 ( n )  

operations, where n is the total number of adm itted \ ’Cs. The scheduling compu­

tations are to be done once in each frame-time. For all the above algorithms, the 

com putational complexity is 0( n) .  In fact, for practical values of n the computation 

time would not be significant at all.

7.4 Simulation of the Scheduling Schemes

7.4.1 Traffic Models and Performance Measures

\b ice  traffic generated by a vocoder with fast speech activity detector [lOli is classified 

as CBR traffic. During minispurts, the voice source generates continuous bitstreams. 

.\  typical traffic trace of 3000 .s for this model is shown in Figure 7.2. Real-time 

video-conferencing traffic is considered here as the representative of the r t - \ 'B R  class. 

\ ’ideo-conference sequences, generated by different hardware coders and different
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F ig u r e  7 .2 . Traffic trace generated from (a) a voice .■̂ onrrc icith fast speech activitg 

detector, (h) a G E A R  source and I d  an LRD model (Pareto distribution with mean 

= 10. a =

coding algorithms, generally have negative binomial marginal distributions and geo­

metric autocorrelation functions and fit a D .\R  (Discrete .\utoregressive) model well 

when several sources are multiplexed. But for a single source in isolation. D .\R  model 

does not work well, instead GB.A.R (Gamma-Beta .A.utoregressive) model gives a more 

accurate representation [67].

The G B .\R (1) process described in [67] is used as the source model to generate the 

number of cells per video frame. .A. typical traffic trace showing the number of cells 

generated in consecutive video frames (up to 2000 frames) is given in Figure 7.2. Data 

burst duration of non-real-time multimedia traffic and asynchronous bursty computer 

da ta  traffic corresponding to each n r t - \ ’BR \ 'C  is modeled as a Pareto distributed 

process.

The performance measures considered are:

Average C B R /r t - V B R /n r t - V B R  Cell L o . ' i s  Probability [ C L P c b r / C L P r i - v e n /  ~  

CLPnrt-VBR)'- ic is the ratio of the number of C B R /r t - \ 'B R /n r t - \ 'B R  cells dropped 

to the to tal number of C B R /r t - \ 'B R /n r t - \ 'B R  cells generated. A cell tha t cannot
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be transm itted within the tolerable delay (given by TOE value of a video cell) is 

discarded by the MT.

Average C B R /r t -V B R  Cell Transfer Delag ( C T D c b r / C T  Dri-\-b r )- it is the time 

between the generation of a C B R / r t - \ ’BR cell and the transmission of the same cell.

Channel Utilization (U): it is the ratio of the number of slots used for WATM cell 

transmission to the total number of slots available for transmission.

Average nrt -VBR Throughput {Tnrt-VBR)'- it refers to the volume of n r t- \ 'B R  data  

transm itted per second.

It is assumed here tha t predictive QoS can be provided to the voice, video and 

d a ta  traffic if the values of C L P c b r - C L P r t - v B R  tmd C L P n r t - V B R  of 0 ( 1 0 ” -). 

0 ( 1 0 “ '*) and 0 ( 1 0 “**). respectively, and the values of C T D c b r  and C T D r t - \  b r  are 

less than 10 ms  and 15 ms.  respectively.

7.4.2 Simulation Environment

. \  C-coded event-driven simidator is used to evaluate the performance of the schedul­

ing schemes. There can be more than one \ 'C  admitted per mobile station at a time. 

All the cells comprising a burst have the same T O .\ /T ( )E  value. For the n r t- \ 'B R  

trafhc type, data  bursts are generated (after an exponentially distributed interarrival 

time) either after the current burst has been transm itted or has expired'. The amount 

of available buffers at a mobile station is assumed to be infinite. Since the perfor­

mance measures of the scheduling algorithms are of major concern, the contention 

resolution process among the reservation requests during the R . A  subperiods is dis­

regarded and it is assumed tha t all the contending mobile stations can successfully 

send their reservation requests during this period.

For all the results presented here, it is assumed that traffic is symmetric in both 

the mobile to BS/A P and the BS/.A.P to mobile directions. Therefore, the BS/.A.P 

scheduler allocates equal number of slots for uplink and downlink transmission during 

a frame-time. The cell delay variation (i.e.. jitter) for CBR and r t - \ 'B R  traffic is not 

considered since it is bounded by the corresponding TO E values and the effects of 

ji t te r  can be eliminated by buffering at the destination. The frame-length is assumed 

to be fixed. Fixed length frames provide an easier synchronization.

In all the cases, the simulator is run for 2 million frame-time (with the parameters
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T a b le  7 .3 . Simulation parameters.

Parameter \ 'alue Parameter \ a lu e  :

Channel rate 20 Mbp.'i Slot size 22 p s

Xo. of .A.CK slot ' Principal talkspurt length) 1.00 .s

Principal silence gap length l.:35 » Minispurt length ! 0.275 -s

Minigap length 0.05 .s \'oice coding rate 32 A'6/j.si

Mean no. of cells/video frame 104.9 \'ariance of no. 882.09 i
1

of cells/video frame !
Correlation coefficient, p 0.984 \'ideo interframe rate 1 40 m s

Mean n r t- \ 'B R  burst length 0.48 K B Pareto shape parameter i 1.1

Mean n r t- \ 'B R  burst 1 .s TO E of a voice cell 32 m s  \

interarrival time \
TOE of a video cell 40 m s TO E of a da ta  cell 5 X 1

shown in Table 7.3). which corresponds to 1320 .s for a frame-size of 30 .s/obs. Sim­

ulation statistics are flushed after 500000 frame-time to avoid the transient effects. 

The performance results presented here apply for both uplink and downlink traffic. 

The channel utilization is calculated without taking control overheads into account.

7.4.3 Simulation Results and Discussions

rt- VBR traffic only: Figure 7.3 shows the variations in i \  C T D r t - v s R  and CLPrt-vBR  

with Sr t-vBR  in a single traffic ( r t - \ 'B R  only) scenario for the assumed simulation 

parameters. With FCFS-FR. FCFS-FR-r and EDF-FR scheduling, for 6 concurrent 

r t - \ ‘BR \ ’Cs. CLPrt-vBR  ~  3 x 10"* and C T D rt -vBR  < 8 rn.s for all these three 

cases. For the same -Vr(-vsfi- C L P n - v B R  ~  5 x 10"’* and CLPrt-vBR  ~  3 x 10"’ 

for EDF-FR-)- and M TDR scheduling schemes. In all the cases. C  % 0.84. For 

- " ^ r t - V B R  =  ' •  C L P r t - v B R  ~  4 X  10" ' for all the first three scheduling schemes 

whereas C L P r t -v s R  ~  ~ x 10"^ for EDF-FR-t- based scheduling with U % 0.95 and 

C TD rt -vB R  ~  15 ms.  In the case of MTDR. C L P h - v b r  ~  2 x  10"-. U  % 0.97 and 

C T D rt -vB R  ~  IT ms.  Even with a lower traffic load. CLPrt-vBR  is higher for FCFS-
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F ig u r e  7.3. \ anation of U.  C T  Drt-\ un C LPrt~\ hh traffic ( r t-VBR

onli/l environment.

FR. F C F S -F R -r  and E D F -F R  schemes compared to the C LPrt^vBR R>r E D F -F R -r  

arid M T D R  schemes. Therefore. E D F -F R -r  and M T D R  schemes provide better cell 

multiplexing performance than the other three schemes.

O ptim um  frame-size depends on factors such as traffic load, traffic burstiness 

and traffic QoS requirements. It has been observed that with the assumed TO E 

values for C B R /r t - \ 'B R  data  bursts, as the frame-size is decreased, the loss and 

delay performances improve except for very high traffic load. On the other hand, the 

smaller the frame-size. the more the control overhead will be. From several simulation 

experiments, we observe that frame size of 30 slots is a good choice and therefore use 

this frame-size to obtain all the simulation results presented here.

CBR and r t-VBR traffic: Some simulation results for the case of CBR and r t - \ 'B R  

traffic mix are shown in Figures 7.4 and 7.8. The average cell loss and delay measures 

and the channel utilization depend on the proportion of each traffic in the total 

traffic load and on the value of the reservation parameters. It is observed that as the 

proportion of CBR traffic decreases, channel utilization increases with a consequent 

increase in the throughput of r t - \ 'B R  traffic.
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C  L P c b r I C  LPrt-vBR  'fz « multitraffic (CBR and r i - \ ’BR) enrironmrnt (for 

■' ^' r t - \ BR = 5)-

In the case of FCFS-FR. with X r t - V B R  =  5  and X c-b r  =  30. for R c b r  =  0 and 

Rrt-VBR = Ô. C L P c b r  ~  I x 10“ '  and C L P c - v b r  ~  1 x 10“ * with a resulting channel 

utilization of about 0.7-5. .As the traffic load is increased further, the cell loss rates 

increase rapidly. For example, as X c b r  is increased to 50. C L P c b r  % 1.4 x 10“ - 

and C L P r t - v B R  ~  1 x 10“ ' .  .As R r t - V B R  is decreased and /o r  R c b r  is increased. 

CLPrt-vBR  increases and C L P c b r  decreases. For example, with R c b r  =  G and 

R r t - V B R  =  0. C L P c b r  ~  1 x 10“ ’ and C L P c - v b r  ~  7 x  10“ ’ when X r t - v B R  =  G 

and X c b r  =  30.

For the same traffic scenario and the same values for the reservation parameters. 

FCFS-FR-r provides slightly better CLPrt-vBR  but at the expense of higher C L P c b r - 

This is intuitive since the r t- \ 'B R  data  bursts, which are expected to be relatively 

larger than  the CBR data  bursts, are prioritized for the same TO  A value.

Simulation results show that the ED F-FR  scheme overprovisions CBR traffic and. 

as a result. r t - \ 'B R  traffic suffers relatively high cell loss. For instance, even with 

Rrt-VBR =  13. C L P c b r  ~  2 x 10“ '’ and C L P c - v b r  % 2 x 10“  ̂ when Xrt-vBR  =  5
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C L P c b r /C L P r t -V B R  '1 multitraffic. (CBR and r t-VBR) rnnronm rn t  (for 

■ ^ r t - V B R  =  Î .  R r t - V B R  =  t) j .

and X c b r  = 20. As CBR traffic load is increased. C L P n - v B R  increases considerably. 

For example. C L P c b r  ~  5 x  10~ * and CLP^t-vBR  ~  6 x 10“ ’ when X c b r  K  increased 

to 40. W ith Xrt-vBR = 6 and X c b r  =  10. for Rrt-vBR = H- C L P c b r  % 1 x 10“ - 

and CLPrt-vBR  % 8 x 10“ ' with a resulting channel utilization of about 0.8-5. .As 

R n - V B R  increases, both C T D c b r  and C L P c b r  increase.

CLPrt-vBR  is significantly lower with E D F -F R -r  based scheduling than for the 

F C F S -F R . F C F S - F R ^  and E D F -F R  schemes. W ith  Xrt-vBR  =  5 and X c b r  =  

45. for Rrt-vBR  =  4. C L P c b r  =  7.6 x 10“ ' and CLPrt- \  b r  ~  1-2 x 10“ ' with a 

resulting channel utilization of about 0.77. .\s X c b r  is increased to 60. C L P c b r  and 

CLPrt-vBR  increase to about 1.0 x 10“ - and 2.4 x 10“ '. respectively, with a resulting 

channel utilization of about 0.79. .As Rrt-vBR  is increased. CLPrt-vBR  decreases at 

the expense of increased C L P c b r - Under a similar traffic load, for .MTDR-based 

scheduling with Rrt-vBR  =  4. C L P c b r  ~  1 x  10“ - and C L P ^ - c b r  ~  3 x 10“ '. .\s 

X c b r  is increased to 80. C L P c b r  and CLPrt-vBR  increase to about 1.4 x 10“ - and
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C  LPc b r / C  LPrt-vHR a THidtitraffic (CBR and rt-VBR) rnrtronrnrnt (for

-Vrr-l Bft =  Ô- Pf BR = d).

•5 X 10“ '. respectivoly. with a resulting channel utilization of about 0.82. .As X cbr  

is further increased. CLPrt- \  BR increases rapidly. With E D F-FR — scheduling, for 

X cbr  =  80 and Xrt-\  BR =  5- C L P cb r  ~  1-7 x 10“-. CLPrt-vBR  ~  3.7 x 10“ ' and 

U % 0.81.

Simulation results show tha t,  for MTDR-based scheduling, with Xrt-vBR — 6. 

X c b r  =  50 and Rrt-vBR  =  5. C L P c b r  ~  1 7 x 1 0 “ - and C L P c - v b r  % 8 .5x 10“ ' with 

a resulting channel utilization of about 0.91. Under similar conditions, with EDF- 

FR-e scheme. C L P c b r  ~  1 .5 x 1 0 “ -. C L P c - v b r  ~  5 x 1 0 “ '  and U % 0.90. Therefore. 

ED F-FR -r provides better traffic multiplexing performance than does M TD R under 

different traffic load conditions.

[n all of the above cases. C T D cbr  and CTDrt-vBR  are found to be well below 

the corresponding QoS limits. The variation in CTD rt -vBR  'Mth traffic load is more 

random compared to that of C T D c b r - This phenomenon may be a t tr ibu ted  to the 

correlated and bursty nature of the video traffic and the dynamics of the scheduling
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C L P c b r / C L P rt- \BR i-fi <1 rnaltitraffic (CBR and r t-VBRi rnnronrnrnt  (for 

=  7. RrBR = 0).

policies.

CBR. r t-VBR and nr t-VBR traffic: Figures 7.9 and 7.10 show some performance 

results for EDF-FR-t- and M TDR schemes in a multitraffic (CBR. r t - \ 'B R  and nrt- 

\ ‘BR traffic mix) scenario. For a fixed number of adm itted CBR \ ’Cs and rf-\ 'BR 

\ 'C s .  as the number of adm itted  n r t- \ 'B R  \ 'C s  is increased, the channel utilization 

increases. W ith both EDF-FR-^ and MTDR schemes, for the assumed simidation 

parameters, with . \ 'c b r  =  30. . \ ' r t - \  B R  =  5 and . V n r t - v B R  =  20. the soft QoS re­

quirements for all the adm itted traffic can be guaranteed with a resulting channel 

utilization of about 0.7G. In fact, due to very large variance in the n r t- \ 'B R  burst 

size (resulting from the Pareto distribution), it is almost impossible to meet the very 

low loss requirement of n r t- \ 'B R  traffic while achieving high channel utilization when 

the delay of the n r t- \ 'B R  traffic is to be bounded. By limiting the burst size to some 

maximum value, better channel utilization can be achieved. The channel utilization 

also depends on the ratio of the real-time traffic load to total traffic load. It has been 

observed that, as the ratio decreases, channel utilization increases and. consequently.
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F ig u r e  7 .8. MTDR: Variatwn of i ’. CTD ci}[ t /C TD rt- \  br

CLP(  b r /C L P r t - \  RR in a mnltitmfjic ICBR and r t-VBR)  rnnronw en t  f/or 

^rt~\ RR =  5 . Rf'BR = 0. Rrt~\ RR = ô)-

T n r t - V B R  în cT P a S O S .

Some simulation results are presented in Figure 7.6 l'or short-range dependent non- 

real-time traffic. In this case, it is assumed that the burst-lengths are exponentially 

d istributed with a mean duration of 0.1 .s with traffic rate of I Mhp.s and tha t the 

maximum tolerable delay of a burst is 5 .s. It is observed that with both EDF-FR-i- 

and M TDR schemes, channel utilization as high as 0.80 is achieved (for S cbr  — 30 

and Sr t-VBR = 5) with tolerable QoS to all traffic streams when data  traffic is not 

as bursty as in the LRD case (Figure 7.10).

7.5 Effect of Correlated Channel Errors and Channel- 

State Aware Scheduling

In a typical \V.\TM network operating at a da ta  rate as high as 20 Mbps, the 

TDM.A./TDD frame-size is expected to have very small time duration. For exam-
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pie. the size of a TD.M .\/TDD frame consisting of 30 cells is 0.6G n i s .  assnming that 

a WATM cell is of size ôô b y t e s .  Therefore, it is more likely that in a bursty fading 

channel one or more of the frames will suffer error during a fade period.

For a certain value of average frame error rate P f  (particularly for a value in 

the range of 10“ - to 10“ *)- the error burst-length increases (i.e.. the fading process 

becomes more correlated) as the user mobility (and hence f ,iT) decreases. O ther 

parameters remaining the same, as Pg increases, error burst length increases rapidly 

for low-mobility users (Figure 7.11).

By delaying transmissions of the traffic from a mobile station for which the trans­

mission channel is expected to be noisy and by allowing the mobile stations to transm it 

for which the channel condition is expected to be good, better effective link utiliza­

tion can be achieved. The channel status information can be exploited by the B S/A P 

scheduler as follows: after the uplink traffic corresponding to a \ 'C  is not .ACKed by 

the BS/AP. the corresponding mobile station assumes that the cells have been lost 

and it s tarts  transm itting probe' messages periodically during RA period. few of 

the RA  minislots can be reserved for these probe' messages. As soon as the BS/.AP
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receives one of these probe messages correctly, it assumes tha t the channel condition 

has improved and resumes scheduling the traffic corresponding to these \ 'C s  again 

for transmission.

ED F-FR -r and MTDR schemes are simulated using the above channel model 

where the channel evolution in each T D M A /T D D  frame corresponding to each mobile 

is independent and is deterndned by the two paremeters p and q. which, in turn, are 

determined by the normalized Doppler frecjuency f , iT  and the average frame loss rate 

Pe - SR-.\RQ  (Selective-Repeat .A.RQ)-based error recovery scheme is assumed. If a 

transmission a ttem pt fails due to channel errors, the corresponding cells(s) are ke[>t 

waiting in the transmit data  buffer until they are successfully transmitted or the 

waiting time reaches the TOE value of the corresponding da ta  burst.

The variations in C and CLPrt-vBR  with Xrt-vBR  in a r t- \ 'B R  traffic only scenario 

is shown in Figure 7.12 for EDF-FR-^ and MTDR. For P/r =  0.01 (i.e.. channel fading 

margin =  19.978 dB)  and f , iT = 0.00308. which corresponds to a user velocity of 1 

k m / h r  ÏOV carrier frequency equal to 5 GHz. C L P r i - v B R  ~  1 x  10” * and C L P r t - v b r  ~  

8 X 10“ ' for EDF-FR-i- and MTDR. respectively, when Sr t-vBR  =  G- The resulting 

channel utilization is about 0.84 for both the cases. For the same value of Pp and 

f , iT  and with Xrt-vBR  =  "• CLPrt-\  b r  ~  7 x 10” * and CLPri^\ b r  ~  2 x 10” - for 

E D F-FR -r and MTDR. respectively, and the resulting channel utilization is about 

0.9Ô. Thus, as long as channel utilization is below certain limit (e.g.. 0.84). both the 

schemes can provide tolerable loss and delay performances for an average frame error 

rate as high as l9c. Since with low user-mobility the channel fading events are more 

correlated, for a certain value of Pg. as v  decreases. CLPrt- \  b r  increases. Some 

typical simidation results for EDF-FR-t- are enumerated in Table 7.4.

For CBR and r t- \ 'B R  traffic mix with Rrt-vBR  =  4 and R c b r  =  G. for Pf- =  

0.01 and c =  1 km/hr.  C L P c b r  ~  1 x 10” - and C iP r t - v B R  % 7.5 x 10” ' for EDF- 

FR-t- when Xrt-\  BR  =  5 and .VrcR =  30 (Figure 7.13). In this case, the resulting 

channel utilization is about 0.75. Under similar traffic conditions, for the same value 

of the reservation parameters. C L P c b r  ~  9 x 10” * and C L P r t - v B R  ~  9 x 10” ' for 

the M TD R scheme. As Xrt-vBR  is increased to 50. C L P ^ - c b r  % U8 x 10” * and 

CLPrt-vBR  ~  2.4 X  10” * for EDF-FR-t- and M TDR schemes, respectively. In this 

case. U  % 0.77 and C T D c b r / ^TLDrt-vBR are well below the tolerable QoS limits. It
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CLPri^x B R  a -single traffic (rt.-\'BR onlg) .scenario (for Pf.- = 0.01 y

is observed tha t increasing the value of R r t ~ v R R  causes large degradation in C L P c b r - 

Some typical .simulation results for E D F -F R 4- are enumerated in Table 7.Ô.

For CBR. r t - \ ‘BR and n r t - \ ’BR traffic mix. with EDF-FR-r scheduling channel 

utilization of about 0.7-5 can be achieved with tolerable QoS for all traffic streams 

when X cb r  =  -5 and Xrt-vBR = 5 for P e as high as 0.01 (Figure 7.14). Under 

similar traffic load and for the same P e - it is observed that M TD R provides inferior 

performance than  ED F-FR-r. For both the schemes, in the case of non-LRD traffic, 

the channel utilization increases significantly. W ith .\'cb r  =  40 and .\'rt-vBR =  5- 

U  % 0.90 and CiPnrt -VBR < 10”*’ for the EDF-FR-r scheme in the case of non- 

LRD n r t - \ 'B R  traffic. In this case. Tnrt-vBR ~  2.7 Mhp.s. Under similar traffic 

load channel utilization as high as 0.80 is achieved for M TDR scheme as long as

C L P n r t - V B R  <  10
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C LP rt-\ BR in a multitraffic (C BR and ri-VBR) .icenario (for P/r -■ Ü.Ül.

=  5.  R r t - v B R  =  4- R c b r  =  d ) -
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T a b le  7.4. Typical performance results fo r  ED F-FR+ in a G E A R  rt-VBR only traf­

fic scenario ( P e  = O.Ol).
r - ' ^ r t - V B R U C T  D r t - V B R CLPrt - V B R  1

(krn/hr) im s) i

1 Ô 0.71 7.79 0 (1 X 10-')

6 0.84 8.55 0 (1 X 10-')!

I
" 0.98 11.87 0 ( 7 X 10-')}

2 5 0.71 7.78 0 (1 X 10-')}

2 6 0.84 10.00 0 (1 X 10-')}

2 0.95 15.00 0 ( 7 X 10-')}

1 10 0.71 7.78 0(G X 10-")}

10 6 0.84 9.98 0(G X l ( ) - ' ) l

10 7 0.95 15.51 0(G X 10-")!

7.6 Chapter Summary

For multiplexing bursty multimedia traffic (which are often difficult to model) over 

WATM air interface, traffic priority-based dynamic cell scheduling schemes are viable 

to achieve high channel utilization while providing predictive QoS to different traffic 

streams.

set of centralized burst-level cell scheduling schemes: FCFS-FR (First Come 

First Served with Frame Reservation). FCFR-FR-r. EDF-FR (Earliest Deadline First 

with Frame Reservation). EDF-FR-i- and M TD R (Multitraffic Dynamic Reservation) 

have been investigated for the transmission of multiserv ice traffic over TDM.A./TDD 

channels in broadband mobile (e.g.. WATM) networks. In these schemes, the number 

of slots allocated to a \ 'C  (X'irtual Circuit) is changed dynamically, depending on the 

traffic type, system traffic load. T O A /T O E  value of the da ta  burst and da ta  burst 

length. The performances of the schemes have been evaluated by computer simulation 

using realistic voice, video and data  traffic models and their QoS requirements in a 

wireless mobile multimedia network.

.Among the burst-level cell scheduling schemes described here, the FCFS-FR.
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Table 7.5. Typical perfoimance results fo r  ED F-FR+ in a CBR and G B A R  rt-VB R

c scenario (r = 1 k m /h r . R r t - V B R -  4- P c B R r  0).

P e A C B R - ' ^ r t - V B R c CTDcBR C T  D r t - V B R C L P c b r  \ C L P r i - \ B R \

[ms) [ms]
t

0.01 30 ■5 0.75 5.9 5.0 0 ( 8  X  i n - ' ) |0 ( 8  X  10-^)

0.01 40 5 0.76 6.0 8.4 0 (1  X 10-Q 0 ( 2  X  10-*)

0.001 30 Ô 0.75 5.8 4.7 0 ( 6  X 10- ')  0 ( 5  X 1 0 - ‘)i

0.001 40 5 0.76 5.9 8.2 0 ( 8  X  1 0 - ') |O ( l  X  10-')j

FC FS-FR — and ED F-FR schemes for TD M A /TD D -based  wireless access are nor 

suitable to provide tolerable QoS in a multitraffic environment while achieving high 

channel utilization. EDF-FR-^ and M TDR schemes provide better cell multiplexing 

performance in different traffic scenarios. Such schemes are easy to implement and 

can result in an energ}' efficient TD.M.A/TDD medium access control protocol for 

broadband wireless access.

Simulation results show that the ED F-FR -r scheme provides better performance 

than the M TDR scheme for properly chosen reservation parameters. In addition, 

establishing synchronization at the BS/.AP is expected to be relatively simpler for 

the E D F -F R — scheme since, during each frarne-time. it is more likely tha t fewer 

number of mobiles are involved in transmission/reception. In both these schemes, 

the reservation parameters, namely. R c b r - R r t - V B R  and R n n - V B R -  are the tuning 

knobs tha t can be dynamically adjusted to vary the QoS recpiired for the different 

traffic streams.

Simulation results show that, for a T D M A /T D D  frame size of 0.66 m s  and link 

speed of 20 M b p s ,  reasonably good QoS (in terms of long-term cell loss rate and cell 

transfer delay) can be obtained for bursty voice. G EA R video and LRD d a ta  traffic 

e \en  with a simple binary adaptation policy. Improved performance may be achieved 

by employing some measurement-based scheme to adjust the values of R c b r -  R r f - i  sR  

and Finrt-VBR- according to the instantaneous traffic load but at the expense of more 

processing overhead. It is also observed tha t providing bounded delay to LRD traffic 

while simultaneously achieving verv' high channel utilization may not be possible.
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Higher channel utilization is achieved for short-range dependent da ta  traffic.

Burst-level cell scheduling scheme, such as EDF-FR-r. can be easily adapted as 

a M.\C policy for wireless access to the emerging OS Internet by integrating it with 

some traffic conditioning schemes at the mobile end. The BS/.A.P. functioning as 

an ingress node to the wireline network, can integrate the traffic admission policy 

with the wireless .\I.\C protocol. The B S /. \P  scheduler can also use ECX ( Explicit 

Congestion Notification) [85] information from downstream routers for scheduling 

d a ta  bursts at the mobile stations. Traffic conditioning at the network edge (i.e.. in 

mobile stations) along with a centralized scheduling scheme can provide predictable 

QoS to multimedia traffic in a DS wireless network.
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Chapter 8

Conclusions

8.1 Contributions of the Dissertation

Several of the RLC/MAC-layer and transport-layer protocol design problems in wire­

less packet based networking have been addressed in this dissertation. These include 

retransmission control in a tmiltichannel distributed .\1.-\C framework, dynamic rate 

adaptation  and error control at the link level, inter-layer protocol dependencies, ser­

vice fairness (for both uplink and downlink transmission) and service integration at 

the air interface. The contributions of this dissertation are summarized below.

Multichannel wireless access protocols are envisioned to provide high da ta  rate 

services in the next generation tetherless data  networks. .\  retransmission control 

scheme for a multichannel S-ALOHA protocol in micro-cellular wireless environment 

has been proposed and analyzed. With properly chosen protocol parameters, the 

proposed scheme can provide high system capacity for a very wide range of system 

load. The delay and throughput performances have been evaluated b\- exact Markov 

analyses in the case of error-free and i.i.d. (independent and identically distributed) 

Rayleigh fading channels. .A. capture model has been incorporated in the analysis. 

The performance results for the single channel systems with constant probability re­

transmission control can be found from the general model as special cases. The effects 

of the different protocol parameters on system capacity have been investigated. For 

correlated Rayleigh fading channels, computer simulation has been used for perfor­

mance evaluation. The performance of the retransmission control scheme based on 

local adapta tion  has also been studied.

Optim al dynamic rate allocation among mobile stations for variable rate packet
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d a ta  transmission in a cellular wireless network is an N’P-complete problem: therefore, 

sub-optimal solutions to this problem are sought for. .Again, interference calculation 

is non-trivial in the case of a packet-switched cellular CDM.A network under variable 

rate transmission with heterogeneous traffic load in different cells. . \  sub-optimal 

two-step dynamic rate selection procedure has been proposed for uplink packet data  

transmission in cellular \ 'S F  ( \a r iab le  Spreading Factor) WCDM.A systems. . \  novel 

’mean-sense' approach for inter-cell interference calculation has been employed as­

suming homogeneous traffic load in the different cells. Two different error control 

alternatives for this variable rate packet transmission environment have been pre­

sented and their performances have been analyzed for three different channel models. 

The performance of the proposed two-step rate selection procedure is fairly close to 

tha t of the optimal rate allocation based on exhaustive search. . \  general Markov 

model for performance evaluation of the proposed dynamic rate allocation procedure 

(in the ideal case) has been presented. In addition, a BS-assisted distributed medium 

access control scheme employing dynamic rate adaptation  has been proposed and the 

performance of the scheme has been evaluated.

Physical layer mechanisms to enhance wireless channel reliability can impact 

the performance of higher layer protocol techniques in a non-trivial manner. The 

performance implications of retransmission diversity packet combining on link-layer 

and transport-layer protocol performance have been investigated for three different 

heuristic-based RLC/M .\C-layer access control schemes in a CDM.A S-.ALC)H.\ net­

work under frequency selective Rayleigh fading. The transport-layer protocol here im­

plements a two-level error recovery mechanism for reliable data  transmission. Two dif­

ferent transport-layer timer control mechanisms have been considered. Performance 

evaluation has been carried out for these access control schemes also for single-level 

error recovery in the case of moderately delay and loss sensitive da ta  traffic. In addi­

tion. the impacts of some physical layer parameters on system performance have been 

discussed. .All these results enable us to get insight into the identification of proper 

higher layer protocol mechanisms and physical layer design choices in a CDM.A-based 

wireless packet data  networking scenario.

.A unified TDM.A-based centralized wireless access scheme has been proposed for 

performing the statistical multiplexing of bursty d a ta  sources in a wireless packet
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data  network. This scheme combines dynamic bandw idth allocation with admission 

control and packet conditioning (at the mobile stations) to provide fair bandwidth dis­

tribution among bursty data  flows with different profile rates (or subscription levels) 

in an error-prone environment.

The dynamic bandwidth allocation policy is credif-based and both the burst-level 

and the packet-level bandwidth allocations are considered. The performance of the 

scheme has been evaluated using computer simulations for different total subscription 

levels, for different compositions of flows with different profile rates and for different 

channel quality with different channel-error correlation pattern. The simulation re­

sults have shown that the throughput variability among flows with the same level 

of subscription is considerably small except for LRD (Long Range Dependent) flows 

with very high traffic burstiness. The relative throughput fairness among flows with 

different profile rates can also be achieved. The post, facto  loss and delay values (i.e.. 

obser\'ed average packet delay and a\erage packer loss t'alites) for the flows depend 

on the corresponding delay tolerance limits of the da ta  bursts. TDM.A. frame-length 

and the wireless link utilization level.

The energy-efficiency of the wireless access scheme has been evaluated in terms 

of the average transmitter usage time and the average receicer usage time in the 

mobile s tations for both the burst-level and the packet-level bandwidth allocation. 

The proposed scheme can be used in an adaptive QoS framework for dynamically 

adjusting the QoS for flows in order to accommodate wireless channel errors and user 

mobility.

The performance evaluation of a number of T C P  level packet scheduling poli­

cies has been carried out in terms of channel utilization and throughput fairness 

(among similar competing T C P  connections) in a wide area wireless IP network. 

semi-reliable RLC/M.A.C layer has been assumed underneath the transport layer. 

time-frame-based channel-state aware transport-level packet scheduling scheme has 

been proposed that imitates wireless fair-queueing in long time scale. new metric, 

namely, the Throuput-Fairness Product (TF P )  has been introduced as a performance 

measure of the different packet scheduling policies. The impacts of different protocol 

parameters (e.g.. TC P parameters) and network characteristics (e.g.. wired-IP net­

work delay, error/loss rate, error-correlation pattern) on wireless channel utilization
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and T C P  throughput fairness under different TCP-level packet scheduling schemes 

have been investigated by simulating the system dynamics under multiple concurrent 

T C P  connections.

One im portant revelation from this work is tha t mechanisms for dynamic adap­

tation of T C P  parameters (e.g.. maximum transmission window size) based on the 

network delay and error characteristics would be required to achieve a high TC P 

throughput in wide area wireless IP networks. These mechanisms would enforce two- 

level control in the T C P  congestion control technique.

set of centralized burst-level bandwidth allocation schemes, namely. FCFS-FR  

(First Come First Served with Frame Reservation). FCFR-FR-h. EDF-FR  (Earliest 

Deadline First with Frame Reservation). EDF-FR+  and M TD R  (Multitraffic Dy­

namic Reservation), have been investigated for the transmission of multiservice traffic- 

over TDM.A./TDD channels in broadband wireless (e.g.. WAT.M) networks. In these 

schemes, the number of slots allocated to a \  C (or how) is changed dynamically de­

pending on the traffic type, system traffic load. T 0 . \  (Time of . \rr iva l) /T O E  (Time 

of Expiry) value of the da ta  burst and data  burst length. The performances of the 

schemes have been evaluated through computer simulation using realistic voice, video 

and da ta  traffic models and their QoS recjuirements in a wireless mobile multimedia 

network.

Simulation results show that, the ED F-FR — and MTDR schemes outperform the 

other schemes and can provide high channel utilization with predictive QoS guarantee 

in a multiservice traffic environment even in the presence of bursty channel errors. 

EDF-FR-f is found to provide better cell multiplexing performance than M TDR 

scheme. Such a scheme is easy to implement and can result in an energv- efficient 

TDM A /T D D  medium access control protocol for broadband wireless access. Burst- 

level cell scheduling schemes, such as EDF-FR-e. can be easily adapted as MAC 

protocols in the emerging DS (Differentiated Services) enhanced wireless IP networks.

8.2 Future Work and Work in Progress

The introduction of WCDMA in the packet-switched wireless networking scenario 

gives rise to many interesting and challenging research problems. .A. brief description



182

of some of these issues follows.

• Integrated R ate Control, Error Control and Access Control in Mul­
tidim ensional M ulti-C ode W CDM A System s
In a DS-CDMA system, multidimensional multi-code (MDMC) signaling can of­

fer some advantages over conventional multi-code transmission and single-code 

transmission with variable spreading factor ( \ 'SF). In this case, transmission is 

based on multiple orthogonal parallel channels and the effects of self-interference 

among the parallel channels (which become more severe as the number of chan­

nels increases, especially in multipath fading channels) are mininiixtal. In addi­

tion. a constant envelope signal is generated using precoding channels.

The performance of MDMC signaling for dynamic rate adapation for uplink 

d a ta  transmission in cellular D S/C D M .\ systems needs to be evaluated. The 

concept of single-cell rate adaptation may be extended to joint multi-cell rate 

adaptation, which would presumably, offer better performance than  single-cell 

rate adaptation. The effects of cell-breathing" on link-level throughput varia­

tions under dynamic rate adaptation need to be investigated.

•  Call Adm ission Control Protocol Design for M ultirate W C D M A  N et­
works
In order to use the radio resources efficiently while providing QoS to the packet 

da ta  service users, efficient and robust admission control algorithms need to be 

devised for cellular WCDMA networks which have intrinsic support for variable 

rate transmission at the link layer. This again requires a realistic modeling 

of packet error process' in cellular WCDM.A. networks, which would be used 

subsequently in the call admission and call rerouting through BS selection.

• Exploiting Channel Artifact due to Fading and Interference for TC P  
Performance Enhancement in W CDM A-Based Cellular W ireless IP 
Networks
T C P  performance in cellular WCD.M.A. environment is one of the most critical 

issues, especially in the presence of highly variable interference resulting from 

bursty packet da ta  traffic. In this regard, investigating mechanisms tha t are 

able to exploit the channel status information in the T C P congestion control 

method for performance enhancement would be worthwhile. T C P  performance



183

needs to be assessed in such an environment, in the presence of microdiversity 

and macrodiversity, while taking user mobility also into consideration.

In addition, variable rate transmission at the link level may significantly af­

fect the end-to-end performance (i.e.. TC P performance) resulting from the 

increased round trip delay variability. Efficient interference management mech­

anisms need to be developed to enhance TCP performance in such scenarios.

• Call Control Signaling and M obility Management in M ultim edia W ire­
less IP Networks
For successful migration of multimedia services in the wireless IP domain, call 

control and mobility management issues (in the control plane) need to be re­

solved. In this regard. ITU-T H.323 and IETF SIP (Session Initiation Protocol) 

are the two competing multimedia call control protocol s tandards tha t are being 

envisioned to be u.sed in wireless IP networks ([I02j-iI04]). The relative perfor­

mance evaluation of these two schemes in a \VCDM.\-based cellular IP scenario 

and the development of efficient mobility management schemes for H.323/SIP 

calls would be of much interest.

O ur current works are addressing several of these proldems.
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Appendix A

Evaluation of

The probability of successful transmisssion in a channel for Z. (> 0) linearly spaced 

power levels in the receiver when I stations contend in M  channels is:

/. ; - i

^ 1=1J=0

I -  I

i -  1 /-I

I n  -

I — (I — L]
JTl

f-i
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Appendix B 

Evaluation of a in (3.8)

Suppose that a cell is loaded with the effective number of users, r, {/ ~  0. I  ).

where xo is associated with the (desired) center cell and {x,} (/ > I) with other 

neighboring cells. In cellular power controlled-CDM.\ [34]. the inter-cell interference 

is affected by path  loss and shadowing, modeled as a multiplicative loss of which 

yields the composite of inter-cell interference as -r .^jXj — —  Due to the law 

of large numbers, it fairly approaches an expectation, namely. E{,^,x, — <̂ .)Xj -r . . .} .  

which is

E{^iXi -  (.jxj -H . . .}  — f f/E{x}. (B.L)

Here, x is found in (3.7) subject to n = G  due to the equal average attem pts G  per 

cell, and the frequency reuse factor q can be computed by the area-average of in 

[341. Since a  =  E { r ,„ } /f i .  we have

a  =  subject to n = G. (B.2)
G

which is well approximated by (3.8).

For the evaluation of a .  (3.8) is substituted into (3.6) with the constraint of n =  G 

(Xo =  x). and then the sub-optimal rate selection is performed using the two-step 

search procedure, and a  is determined by (3.8) using the value of x that corresponds 

to the sub-optimal rate selection. In this way the value of a  corresponding to a value 

of G is obtained tha t reflects the effect due to the rate adaptation  in other cells in an 

average sense.
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Appendix C

Implementation of the second-step 
of the rate search procedure

Procédure F indBeta f} {

1. £ „  =  m „ n .  x „ _  =  n i a ^ n .  =  r n ^ ^ n .  A ,  =  . A r  =  -  j '„. <) =  1

'2. If ( > d(.r^}] sparch-diroction =  RIGHT

Else soardi-diroction =  LEFT

3. If (sparch-diroction = =  RIGHT) {

J ” =  d(x„). temp = .P . i. = 0 

Do { 

tem p  =  3'

A  =  (-r  +  /') X d

T̂Tio- ~  A. IT m„ ~  ^̂ rn„ A
X q  — X m . Q ^  ^

J* =  J(ro )

} (While ( J* >  temp)  and (A <  Ar))

O utpu t temp. rirn„̂  and /im,

}
Else {

■i* =  J(Xo). temp  =  3". i = 0 

Do { 

temp -  J*

A =  (4-4- / )X( )

^ruo- — A. rijjî  ̂ =  rijn^ — A
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X q  —  l ^ m „ -  ^  ^ 0 — T  ^ r r i o  ^

J ‘ =

} (While (J" > temp) and (A <  A;)) 

O utput temp. nm„_ and



196

Appendix D

Evaluation of (3{i) in (3.20)

W hen n,n stations transmit in a slot (at rate v,„ each), the probability tha t all the 

transmissions from .s',„ stations are successful is B(nm. s,». P " '( . r - ;n )  ) which results in 

iti.s,,, successful frame transmissions. Since in case of S R - h a s c d  error control, there are 

some number of correct frames even when transmission in a timeslot as a whole fails, 

each of the users contributes ()„j number of frames to the total throughput

where <)„i is given b\"

1 / m \
<)m =  ^  M I ) -  tn)[l -  Prix ~  =  W Pr\X -  /f?) -  lvP"'[X ~  ft)). (D.l)

1=0  ̂  ̂ '

Therefore, the total number of successfully transm itted RLC/M.\C-layer frames can 

be well approximated to 4- Vi t i m -

Using this formulation for all the rates (m =  1 .2 ........^ ( .'delds (3.20).




