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ABSTRACT 

We live in an information hungry age, we generate and process information at a rate never 

before recorded in the history of mankind. Today’s computing platforms are run on 

Gigahertz multi-core processors churning out Gigabits streams of data that need to be 

transmitted as quickly as possible. Often times the source and the destination are mobile 

which means wired connections are not a choice. This has led to an ever increasing need to 

develop wireless access technologies that support high throughput regardless of the 

transmission environment. 

Till date, many proprietary solutions exist that seek to bridge this gap with little or no 

support for interoperability. For the sheer scale of development that is required, a standard 

based solution is the key. The IEEE 802.1x committee oversees the development of 

standards for wireless systems, it formed the 802.16 working group to develop a standards-

based Wireless Metropolitan Area Network (MAN) solution. One of the fruits of this effort is 

the 802.16e standard fondly referred to as mobile WiMAX and it is the subject of study in 

this thesis. 

This thesis seeks to analyze the transmission characteristics of two of the antenna systems 

defined in the standard i.e. Adaptive Beamforming Systems and Multiple-Input Multiple-

Output Systems. 

Multiple-Input Multiple-Output (MIMO): utilizes multiple antennas at the transmitter and 

receiver to provide diversity gain, multiplexing gain or both. 

Adaptive Antenna Systems (AAS): Adaptive array system uses an antenna array to generate 

in real-time radiation patterns with the main lobes and/or nulls dynamically tuned to specific 

directions in order to increase or suppress signal power in that direction. 

 

 

 

 

The WiMAX Forum®, a non-profit organization formed to certify and promote the compatibility and interoperability of 

broadband wireless products based upon the harmonized IEEE 802.16/ETSI HiperMAN standard. WiMAX Forum defines 

System Profiles based upon what the WiMAX Forum determines in terms of service provider and vendor equipment demand. 

Initial WiMAX Forum profiles have been developed to support both adaptive antenna system and multiple-input/multiple-

output architectures. 
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1. INTRODUCTION 

Worldwide Interoperability for Microwave Access (WiMAX) is the acronym for Institute of 

Electrical and Electronics Engineers (IEEE) 802.16 set of standards governing Air Interface for 

Fixed Broadband Wireless Access Systems. In the history of wireless systems, WiMAX is 

revolutionary technology as affords its users the Wi-Fi grade throughput and cellular system 

level of mobility. With WiMAX, broadband technology (traditionally ADSL and Fiber) goes 

wireless and WiMAX users can basically enjoy triple-play application, and split-second 

download and upload rates. WIMAX also offers full mobility much as traditional cellular 

systems do with features like seamless hand-over and roaming at vehicular speed; this is 

made possible because the system design covers the access network to core network.  

For the operator, WiMAX is a welcome development because it merges traditional cellular 

networks with broadband technology thus opening them to more business offerings and a 

larger client base and all this at a reduced cost of deployment. Base stations are 

comparatively cheaper and do not require extensive planning typical of other cellular 

systems thus WiMAX is aptly suited for emerging markets where infrastructure cost is a 

major issue; little wonder a lot of 3
rd

 world countries have signified interest in the 

technology. 

1.1. EVOLUTION OF WIRELESS COMMUNICATIONS: THE NEED FOR 

WIMAX 

In 1895, a few decades after the telephone was invented, Marconi demonstrated the first 

radio transmission from the Isle of Wight to a tugboat 18 miles away, and radio 

communications was born. Radio technology advanced rapidly to enable transmissions over 

larger distances with better quality, less power, and smaller, cheaper devices, thereby 

enabling public and private radio communications, television, and wireless networking. A 

cursory look into the history of wireless communication will reveal a continuous drive for 

systems that provide a higher throughput, greater mobility, increased range and robustness 

to interference. Every new wireless system improved on previous ones in one or more of 

these aspects.  

Earlier on, both the information source and transmission format was purely analog such as 

Audio and Video in FM or VHF but the advent the transistor and computer which enabled 

data to be processed and transmitted in digital format, there came about an increase in the 

transmission payload. Also, as processor technology improved and computational power 

increased so did the data being churned out and in all this placed a demand on the 

transmission medium. Today wireless applications include voice, Internet access, web 

browsing, paging and short messaging, subscriber information services, file transfer, video 
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teleconferencing, entertainment, sensing, and distributed control. Gone are the days of 

kilobit payload, the trend is megabit and gigabit transmission rate.  

Wireless systems include cellular telephone systems, wireless LANs, wide-area wireless data 

systems, satellite systems, and ad hoc wireless networks. All of these require the underlying 

technology to provide higher throughput, greater mobility, range and robustness to 

interference.  

The future vision of wireless communications systems supporting information exchange 

between people or devices is the communications frontier of the next few decades, and 

much of it already exists in some form. This vision will allow multimedia communication 

from anywhere in the world using a variety of devices and applications. WiMAX is a 

promising emerging technology to realize this vision. 

1.2. Introduction to WiMAX 

IEEE 802.16 is the set of standards governing the design of the wireless interface for a 

standard-based Metropolitan Area Network (MAN), and to provide conformance and 

interoperability for the implementation of this standard the Worldwide Interoperability for 

Microwave Access (WiMAX) group was formed. Today, the standards are fondly referred to 

as WiMAX. The standard group was chartered to provide business and consumer wireless 

broadband services on the scale of the MAN. WiMAX is standard-based technology to a 

sector that otherwise depended on proprietary solutions. The technology has a target range 

of up to 70km and a target transmission rate exceeding 100 Mbps and is expected to 

challenge DSL and T1 lines (both expensive technologies to deploy and maintain) especially 

in emerging markets. 

WiMAX technology is set to allow high-speed internet access from laptops and other mobile 

devices over larger distances than previous technologies such as Wi-Fi. The standard 

extension IEEE 802.16e-2005 commonly but inaccurately called Mobile WiMAX standard is a 

broadband wireless solution that enables convergence of mobile and fixed broadband 

networks through a common wide area broadband radio access technology and flexible 

network architecture.  

The IEEE 802.16e-2005 air interface adopts Orthogonal Frequency Division Multiple Access 

(OFDMA) for improved multi-path performance in non-line-of-sight environments. Scalable 

OFDMA (S-OFDMA) is introduced in the IEEE 802.16e amendment to support scalable 

channel bandwidths from 1.25 to 20 MHz, Multiple Input Multiple Output (MIMO) and AMC 

enables 802.16e technology to support peak Downlink (DL) data rates up to 63 Mbps in a  

20 MHz channel [6]. 

The core of an end-to-end deployment of WiMAX is IP-based, using hardware that are not so 

different from a traditional IP network i.e. switches and routers. As this is the general trend 



12 

Master thesis 

Performance analysis of Adaptive array system  

and Space time coding in Mobile WiMAX 

for the 4G network, WiMAX represents a quantum lead ahead of other cellular technologies 

like 3G and CDMA. 

Mobile WiMAX supports optimized handover schemes with latencies less than 50 ms to 

ensure real-time applications such as VoIP perform without service degradation. Flexible key 

management schemes assure that security is maintained during handover. 

In the course of this literature, the term WiMAX and 802.16e will be used interchangeably, 

where a distinction is to be made between the 802.16 standards, the appropriate numbering 

will be applied. 

1.3. WiMAX Milestones 

 IEEE 802.16 group was formed in 1998 to develop a standard for the air interface of a 

wireless MAN. The initial focus was on Line-of-Sight (LOS) Point-to-Point and Point-

to-Multipoint system operating in 10-66 GHz frequency band. That initial standard 

was based on a Single-Carrier (SC) Physical Layer (PHY) and Time Division Multiplexed 

(TDM) MAC layer. 

 In 2003, an amendment was made to the standard (802.16a) to include Non Line-of-

Sight (NLOS) applications in 2-11 GHz band. An OFDM-based physical layer was 

adopted at the PHY and in the MAC layer support for OFDMA was also included. 

 In 2004 all previous updates were merged into a new standard called IEEE 802.16-

2004 and this formed the basis for the first WiMAX solution. This version of WiMAX 

targeted fixed deployments, thus it was usually referred as Fixed WiMAX.  

 In December 2005, the IEEE 802.16 group completed an amendment to the IEEE 

802.16-2004 standard by adding support for mobility. The IEEE 802.16e-2005 forms 

the basis for the WiMAX solution for nomadic and mobile applications and is often 

referred to as Mobile WiMAX. 

 802.16m is the next generation standard beyond 802.16e-2005 and will become of 

WiMAX once the standard is completed in the 2009 time frame. 802.16m is 

considered to be a strong candidate as a 4G technology. 

 On 19
th

 October 2007, a very special and unique milestone has set for WiMAX 

technology when the International Telecommunication Union (ITU) approved WiMAX 

as a Global Standard in the ITU-2000 set of standard. The decision put WiMAX on 

equal footing with 3G as a radio interface and escalated opportunities for global 

deployment, especially within the 2.5 - 2.69 GHz band, to deliver mobile Internet to 

satisfy demand in both rural and urban markets. ITU decision would allow the 

WiMAX ecosystem to benefit from greater economies of scale, reducing the cost to 

deliver broadband wireless services, including VOIP (voice over IP).  
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1.4. Differences between Fixed and Mobile WiMAX™ 

Due to media\marketing buzz, there is a seeming confusion as to what the 802.16e 

standard caters for. At the moment, the 802.16e standard is fondly referred as Mobile-

WiMAX while the 802.16d (Rev 2004) is called the Fixed-WiMAX. In technical terms, 

while the 802.16d standard supports fixed and nomadic applications, the 802.16e 

standard supports fixed, nomadic, portable, and mobile solutions. The 802.16e covers 

both the 802.16d standard and adds new major specifications that enable full mobility at 

vehicular speed, enhanced QoS, Power control amongst other features. 802.16e devices 

are not backward compatible with 802.16d base stations vice versa. This is due to the 

fact that 802.16e mainly adopts TDD while 802.16d adopts FDD. Other compatibility 

issues arise as a result of 802.16e adopting S-OFDMA and 2048-FFT size. 

1.5. Features of 802.16e 

 (S)-OFDMA PHY:  OFDM offers improved performance in time and frequency -

selective channels. OFDM transmission systems perform well in NLOS conditions and 

in channels experiencing severe multipath effect. Further more, when subcarrier 

permutation schemes are combined with coding, they help improve error-recovery. 

 High Throughput: WiMAX is capable of supporting very high peak data rates. In fact, 

the peak PHY data rate can be as high as 63 Mbps on a 20 MHz wide bandwidth, 

using 64 QAM modulation and 2 x 2 MIMO transmission [6]. Under very good signal 

conditions, even higher peak rates may be achieved using multiple antennas and 

spatial multiplexing. 

 Scalable data rate: S-OFDMA combined with Adaptive Modulation and Coding (AMC) 

enables users to be apportioned spectrum based on bandwidth/data rate 

requirement.  

 Flexible and dynamic per user resource allocation 

 Adaptive Modulation and Coding: gone is the era of “one-size fits all”, the system 

adjust modulation and coding parameters dynamically to maximize throughput and 

minimize Bit-Error-Rate (BER) in the face of changing channel conditions. 

 Link layer retransmission: using Hybrid Automatic Repeat Request (H-ARQ) 

 Support for TDD and FDD: including variable DL/UL ratios. 

 Support for advanced antenna techniques 

 Embedded Quality of Service (QoS) scheduling 

 Full terminal mobility 

 Full support for IP 
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1.6. Key New Features Explained 

 OFDMA: OFDMA is a multiple access technique embedded into the OFDM frame 

such that users can share the spectrum in time and frequency simultaneously. Bursts 

from different users can be in segmented in real-time without overlapping within a 

frame depending on their transmission requirements. The method of allocating 

subcarriers is called Sub-Channelization. 

 Scalable bandwidth: The existing 802.16d system profile is based on a 256 carriers, 

802.16e introduces a new FFT size (2048) in addition to existing 128, 256, 512 and 

1024 FFT sizes. To ensure compatibility (i.e. same subcarrier size) without hardware 

modification, each FFT size is match to a particular bandwidth i.e. 1.25 MHz, 2.5 MHz, 

5 MHz, 10 MHz and 20 MHz respectively. Due to government regulations is some 

countries, bandwidth allocation size may also vary therefore 802,16e allows for 

bandwidth sizes in multiples of 3.5 MHz. To ensure compatibility between the two 

scales, different upsampling scales are used. 

 Adaptive Modulation and Coding (AMC): AMC was introduced with Mobile WiMAX 

to enhance coverage and capacity for WiMAX in mobile applications. Support for 

QPSK, 16QAM and 64QAM are mandatory in the DL with Mobile WiMAX. In the UL, 

64QAM is optional 

 Multiple Antenna Transmission: Adaptive Antenna System (AAS), Space-Time coding 

(STC), and MIMO (Spatial Multiplexing (SM)) were fully incorporated in the 802.16e 

standard.  

 QoS: IEEE 802.16e introduced QoS classes much similar to that found in ATM, with 

Unsolicited Grant Service (UGS) being the highest QoS class reserved for delay-

sensitive, sustained rate applications such as VOIP and Best Effort (BE) defined for 

data application such as web traffic. 802.16e introduces Extended Real-Time Polling 

Service (ERTPS). ERTPS allows the 802.16e solution to manage traffic rates and 

transmission policies as well as improving latency and jitter 

 Power Control: 802.16e defines a series of sleep and idle mode power management 

functions to enable power conservation and preserve battery life for end-user 

devices. 

Other enhancements are Rate Adaptation, Power Control, Channel Quality Indication, 

Hybrid ARQ (HARQ) and Fast Channel Feedback were introduced with IEEE 802.16e to 

improve overall user experience, mobility, and easy deployment especially for mobile 

terminals. 

1.7. Applications of WiMAX: 

 Backhaul Links: long range and high-capacity backbone links for base stations 

regardless of access technology e.g. GSM, Wi-Fi etc.  
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 Broadband Access: WiMAX base stations can directly provide mobile devices such as 

laptops and handheld with IP-based broadband connectivity in a range of 5 to 6 

miles. 

 Extend the Corporate LAN: a single WiMAX base station can replace several scores of 

Wi-Fi hotspots thus reducing administration overhead. 

 Ad-hoc Networks: WiMAX can be use in disaster recovery scenes where the wired 

networks have broken down. 

1.8. Advantages of Mobile WiMAX 

Many reasons have been advanced for and against the adoption of WiMAX as the 

platform for any future upgrade of the existing wireless telecommunication 

infrastructure, i.e. the so-called 4G platform. The incumbents (GSM, CDMA and WCDMA 

operators) see WiMAX as a threat to their existing investments while the new entrants 

see it as a platform for low-cost deployment. Both have a point however, from a purely 

technical perspective; there are numerous advantages of deploying WiMAX as a MAN 

solution. 

 Increased SNR per User: in OFDMA where a user’s packet is concentrated in only a 

subset of the entire bandwidth, the system enjoys an increased SNR value per user. 

The gain here is two-faceted,  

o Increased range can be achieved and or  

o A higher throughput by using a higher QAM constellation value. 

 Scalability: the solution can be deployed with varying capacity in mind without 

incurring the cost of a full scale deployment due to its scalable bandwidth. 

 Less Complex architecture: compared with any other access technology such as 

CDMA, GPRS, WiMAX is very simple. 

 End-to-End IP network: everyone loves IP; it has a larger installed base. WiMAX can 

be easily integrated with existing IP networks without any adaptation layer needed 

such as in ATM-based access solutions e.g. WCDMA.  

 Easy of Deployment: A WiMAX base station can be quickly and easily deployed in an 

area with little infrastructure to provide carrier-class services. This is an added 

advantage in deploying broadband services to emerging markets that lack basic wired 

infrastructure. 

1.9. Challenges of Deploying WiMAX 

 Peak to Average Power Ratio (PAPR) and Power Amplifier Linearity: OFDM has a high 

Peak to Average Power Ratio; an analysis of its waveform reveals rapid and large 

fluctuations in amplitude. This poses a costly challenge of designing a power amplifier 
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with appropriate power back-off i.e. sensitive enough for low power levels, robust 

enough for high power levels without saturating and fast enough to track these changes. 

Several methods have been exploited to combat this effect such as clipping, and use of 

coding to create a more sublime spectrum. 

 Multi-path fading: One of the greatest challenges to wireless systems has been managing 

multi-path fading environments. Multi-path fading is the resulting signal degradation due 

to obstructions between a wireless transmitter and its intended destination. In a Non 

Light of Sight (NLOS) environment, a transmitted signal may bounce off of a myriad of 

obstacles including buildings, roads, and manmade structures as well as trees, hills, and 

natural occurring impediments. With each bounce, a separate instance of the signal 

makes it way to the destination receiver with a variation in time. The multiple, ‘bounced’ 

signal interfere with one another resulting in a degraded signal at the receiver. 

 Phase Noise: Local oscillators are usually based on VCO Phase Locked Loops, and each 

subcarrier is designed to be very narrow. Phase noise impairment on a subcarrier is more 

severe than a Single-carrier application because the bandwidth is very small.  
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2. IEEE 802.16e PHYSICAL LAYER  

2.1. Introduction 

The revolutionary changes that characterize the 802.16e standard is actually at the physical 

layer where several high-performance features are combined in a complimentary way never 

before seen in any earlier wireless transmission technologies. IEEE 802.16e is an evolution 

from 802.16d-2004 standard with inputs from several drafts and corrigendum published 

since it was accepted as a standard.  

 

Figure 1: Comparison between the 802.16d and 802.16e Standards 
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The 802.16e physical layer covers bit-level operations i.e. coming after Media Access Control 

(MAC) processes have been carried out, this includes randomization, forward error-coding, 

constellation mapping, subcarrier permutation, pilot and training sequence insertion, 

frequency-time domain conversion, Automatic gain control, Analog-Digital conversion, 

Amplification and Transmission on the transmitter side and recovery operations on the 

receiver side that are the reverse of the operations carried out on the transmitter with the 

inclusion of channel estimation, carrier frequency synchronization. This chapter will briefly 

discuss randomization, interleaving and error-coding operations while greater detail is paid 

to the operations between the error-coding and decoding stage as shown in figure 1. 

 

Figure 2: 802.16e PHY Layer [24] 

Major additions modifications to the standard include the following 
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 Variable Bandwidth: Introduction of variable bandwidth sizes (1.25 – 20 MHz and 3.5 – 

14 MHz) while maintaining the same symbol duration by adjusting the FFT size and 

upsampling rate ensures that the same hardware can be used regardless of the 

bandwidth.  

 Enhanced Mobility: Mobility is a RF designer’s nightmare; legacy approach is to design 

for the worst case scenario which may leaves the system underutilized especially with 

improved channel conditions. In order to accommodate both mobile and stationary 

subscriber units, S-OFDMA and Zones are used to logically partition and allocate 

subchannels within an OFDMA frame based on each user’s Tx requirements. AMC and 

subcarrier permutations can be further applied within each zone to best suit the Tx 

environment.  

 Multiple Input and Output Antenna systems: to support MIMO 

2.2. PHYSICAL LAYER ARCHITECTURE 

2.2.1. OFDM and OFDMA basics 

The idea of a multi-carrier system like OFDM was first proposed in the 50’s and the theory 

was formulated in the 60’s. The initial technical hurdle was in creating perfectly synched 

local oscillators (LO), but even with that the sheer number of LO involved prohibited further 

development until the Discrete Fourier Transform (DFT) technique was suggested in the 70’s 

by Weinstein and Ebert. By the 80’s OFDM was successfully deployed in a number of 

applications in the notably ADSL and DVB preparing the way for its eventual use in WiMAX. 

OFDM is a method to transmit multiple streams of data on tightly spaced and orthogonal subcarriers. 

It has been known that the frequency points in DFT are orthogonal to each other, advances in 

semiconductor technology which made DFT chips cheap and available makes this process easy to 

implement in hardware. A simplified OFDM process block is shown in figure 2. 

 

Figure 3: Basic OFDM Transmitter 
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Figure 4: Basic OFDM Receiver 
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2.3. Randomization  

In order to reduce the correlation between data symbols and improve FEC performance, 

bit-level randomization is performed on a burst by burst level in 802.16e specification. 

Using a simple 15-bit Linear feedback register, the output (of the randomizer) is the XOR 

of the input data bit and XOR of the 13
th

 and 15
th

 MSB. The LFR is initialized at the start 

of each frame and the initialization sequence is different for the uplink and the downlink 

transmissions [1]. 

 

Figure 5: Typical Linear Feedback Shift Register 

2.4. Interleaving 

Interleaving is a deterministic process that changes the order of transmitted bits. For 

OFDM systems, this means that bits that were adjacent in time are transmitted on 

subcarriers that are spaced out in frequency. In WiMAX systems, Interleaving is done 

through a stage permutation [1], the first is to avoid mapping adjacent coded bits on 

adjacent sub-carriers and the second permutation insures that adjacent coded bits are 

mapped alternately onto less or more significant bits of the constellation, thus avoiding 

long runs of lowly reliable bits. 
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2.5. Adaptive Coding and Modulation 

In legacy wireless systems, baseline values were assumed for channel parameters such as 

SNR, BER etc assuming the worst case channel condition, so that corresponding coding 

and modulation schemes that give the best performance at this values were then used to 

design the system thus the system was efficient only at the reference channel condition. 

In a mobile environment the channel is bound to change, improving or degrading with 

time and location; the optimal utilization of the spectrum would be best served by a 

system that is adaptive. Adaptive Modulation and Coding has been successfully used 

802.11a WLAN technology, so it is a tested technology. 

Factors affecting the use and performance of AMC include the  

1. Rate of channel estimate computation,  

2. Rate of channel variation and  

3. Response time of the system hardware. 

 

 

Figure 6: Effective throughput for different combination of Code Rate and Constellation Size [24] 

Adaptive Channel Coding 

Channel coding is the process of adding redundant information bits into a data 

block for error-detection and recover purposes, the amount of redundancy will 

determine the robustness of the transmission to impairments. A reversible 

process for decoding tries to reconstruct the original block with the impaired 
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received bits. One downside of Channel coding is that it has the undesirable 

effect of reducing the overall throughput.  

Adaptive channel coding is a form of Link adaptation that uses variable coding 

rate. The system adjusts to channel conditions based on measured BER values 

by either increasing or reducing the amount of redundant information b its. 

Several error-coding techniques were proposed to be used in this standard [2]; 

they are Convolution Coding (CC), Convolution Turbo Coding (CTC), Block Turbo 

Coding (BTC) and a concatenation of Convolution Coding and Reed-Solomon. 

The operation of this subsystem of the 802.16e architecture is beyond the 

scope of this thesis. 

Adaptive Modulation 

Adaptive modulation is another form of Link Adaptation that exploits Signal –

to-Noise Ratio values to choose between constellation schemes that provide 

either higher bit-rate or robustness to noise. Usually constellation schemes 

with higher bit-rates require better SNR values than those with lower bit rates. 

802.16e standard uses Quadrature Amplitude Modulation (QAM) modulation, 

choosing between BPSK for the worst channel conditions to 64-QAM for the 

best channel conditions. 

The operation of this subsystem of the 802.16e architecture is beyond the 

scope of this thesis. 

2.6. OFDMA Frame Structure 

One of the interesting features of WiMAX is the structure of called the Frame. A frame is one 

transmission session between the base station (BS) and the mobile element (ME). A frame is 

two-dimensional i.e. time (symbols) and frequency (subcarriers) and it contains several 

symbols in succession modulated across the entire frequency spectrum.  

Since 802.16e adopts TDD its frame contains both DL and UL symbols. The DL/UL ratio is 

adjustable in real-time based on total bandwidth requirements of users. Data mapping is 

along both dimensions although not necessarily in a symmetrical manner. In either direction, 

an OFDM frame contains control data and data from 1 or more users/sources. Figure 5 

shows a typical OFDMA frame. 
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Figure 7: OFDMA Frame Structure 

A DL subframe starts from a preamble, which is used for synchronization. The preamble is 

followed by a FCH (Frame Control Header) burst. The FCH burst is one OFDM symbol long 

and is transmitted in a well-known modulation/coding: {QPSK, (32, 24, 4)} this is followed by 

one or more DL data bursts. Each transmitted burst may have different requirements like 

constellation, Beamforming thus increasing transmission robustness. Multiple DL bursts are 

transmitted in order of decreasing robustness. Each DL burst consists of an integer number 

of OFDM symbols, and its burst profiles (PHY parameters) are specified by a 4-bit DIUC 

(Downlink Interval Usage Code) field in the DL-MAP. The DIUC encoding is defined in the 

DCD (Downlink Channel Descriptor) messages [2]. 

A UL PHY PDU consists of only one burst, which is made up of a preamble and an integer 

number of OFDM symbols. The burst PHY parameters of an UL PHY PDU are specified by a 4-

bit UIUC (Uplink Interval Usage Code) in the UL-MAP. The UIUC encoding is defined in the 

UCD (Uplink Channel Descriptor) messages [2].  

2.7. Subchannelization 

In OFDMA, resource allocation to each user is called Subchannels. The size of a subchannel is 

related to the bandwidth need of the user. The formation of subchannels differ based on the 

permutation scheme in use, however the logic is similar. Symbols are grouped together into 

slots/bins (for PUSC and FUSC respectively), slots/bins are grouped into clusters, pilot 

positions are determined, clusters are grouped into groups and Subchannels are formed out 

of Groups. The end result is a burst unit several subcarriers wide and several symbols long, 

the subcarriers not necessarily contiguous to each other.  
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2.7.1. Permutations 

Permutations are subcarrier allocation schemes created to suit channel conditions, user 

requirements or both. Using specified combination formats, subcarriers are scrambled 

between Subchannels and pilot carriers allocated. There are two main types Permutation 

schemes which are further divided into variants, they are 

 Partially Used Subcarriers (PUSC): when the channel is frequency-selective, 

spreading user data over the entire bandwidth will improve error detection and 

correction using channel coding schemes. It may also be desirable to avoid 

subcarriers that are deeply faded; this is made possible if PUSC is employed.  

PUSC employs a subcarrier permutation and combination scheme that draws 

subcarrier from the entire spectrum. 

A DL PUSC frame is created as follows [2]: 

1. Partition the subcarriers into Ncluster clusters of 14 contiguous subcarriers. 

2. Renumber the physical clusters into logical clusters using the specified 

numbering sequence for each FFT size in standard 

CL = RS((CP + 13*DL_PermBase)modNcluster) 

3. Form the logical clusters into 6 groups using the grouping sequence supplied 

by the standard. 

4. Allocate subcarriers for pilot symbols and then allocate the remaining for 

data subcarriers. Pilots occupy position 1 and 13 of a cluster in odd symbols 

and positions 5 and 9 of a cluster in even symbols. 

 

Subcarriers in Logical Clusters 

 

S
y

m
b

o
ls

 

 
Pilot Subcarriers  

Data Subcarriers  

Figure 8: PUSC Cluster Structure showing Pilot and Data Symbol Location 

 Fully Used Subcarriers (FUSC): in FUSC, each user data packet is modulated over a 

contiguous band of subcarriers within the full frequency band. This will be desirable 

where the channel condition is good and there is little or no frequency selective 

fading. In the cased of AMC and Beamforming, it is not feasible to use PUSC, thus 

FUSC is employed. FUSC also allocates the entire number of subcarriers to the 

Subchannels.  

1. Allocate both the fixed and variable pilots first. 

2. Partition the remaining subcarriers into contiguous groups 

3. Form subchannels by drawing a subcarrier from each group using the 

allocation formula given as 
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FUSC Enables efficient resource allocation with optimal transmit power and 

modulation/coding scheme for each SS in a cell 

2.7.2. Zones 

Zones are sub-divisions of an OFDM frame in time based on the same permutation scheme 

e.g. PUSC. A zone spans the entire bandwidth however zones may overlap in time. There are 

three types of zones on the downlink namely  

1. PUSC: The 1
st

 zone of an OFDM frame is always PUSC, users in deep fade regions should 

also be grouped into PUSC permutation zones if they are not using AMC or Beamforming. 

2. FUSC: when the channel is relatively flat fading, FUSC is the zone of choice; multiple 

constellations may be used in FUSC but not adaptive. 

3. AAS: if AMC or Beamforming is desired, then an AMC zone will be created at the end of 

the downlink subframe. An AAS DL Zone begins on the specified symbol boundary and 

consists of all subchannels until the start of the next Zone or end of frame. A 2 bin by 3 

symbol tile structure shall be used for all AMC permutations in an AAS zone, including 

the optional AAS Diversity-Map zone. In an AAS zone defined with the PUSC 

permutation, the SS may assume that the entire major group is beamformed such that 

the channel may vary slowly within the major group over the entire duration of the.  In 

the AAS zone, the same antenna beam pattern shall be used for all pilot subcarriers and 

data subcarriers in a given AMC subchannel. 

In the uplink frame, only one zone is allowed due to synchronization issues [2]. 

 

2.8. Pilot and Training Symbols  

An IEEE 802.16e standard provides for 2 symbol training sequence. There is a Short 

Preamble used for coarse synchronization and a Long Preamble for fine synchronization. 

The training sequence is BPSK modulated and the symbol value for each subcarrier is 

specified in the standard.  

Pilot symbols are interlaced with data symbols in time and frequency, actual location is 

determined by the permutation scheme. In the DL subframe each OFDM symbol has both 

Fixed and Variable pilot whose positions are derived by from the standard ConstantSet# and 

VariableSet#. Pilot symbol values are derived from an 11-bit Linear Feedback Shift Register 

with the following operation 

 Pilot (11) = x
11

 + x
9
 + 1  with initial sequence Pilot = [11111111111] 



26 

Master thesis 

Performance analysis of Adaptive array system  

and Space time coding in Mobile WiMAX 

2.9. DC and Guard Subcarriers 

For proper synchronization and detection of the centre frequency, the centre subcarrier of 

an OFDM symbol is set to null. This creates a symmetry that is easily detectable during 

synchronization and is used for Carrier Frequency Offset Estimation. To also contain spectral 

emission into adjacent bandwidths, OFDM uses Guard subcarriers which are set to null at 

the start and end of each symbol. Guard subcarriers have a shaper drop-off than 

conventional Window shaping which can als distorts the orthogonality of the subcarriers. 



27 

Master thesis 

Performance analysis of Adaptive array system  

and Space time coding in Mobile WiMAX 

 

3. MULTIPLE-INPUT MULTIPLE-OUTPUT TRANSMISSION 

MIMO refers to transmission systems that employ multiple antenna elements at the 

transmitter and receiver side of the communication link. MIMO theory has been around for 

a long while but the complexity involved and the signal processing required has been a 

major retardant to its wide-spread use however recent improvements in Digital Signal 

Processing (DSP) technology has made it possible to now construct such transmission 

systems. The ultimate goal of MIMO is to either increase the SNR, data rate or both through 

the appropriate processing of the received signals.  

There are many ways to achieve the goals stated above (different MIMO techniques); each 

depends on the way the antennas are used and the channel model hence this brings to mind 

such terms as Diversity, Multiplexing, Beamforming etc. Some multiple antenna systems 

exist such as Single-Input Multiple-Output (SIMO), Multiple-Input Single–Output (MISO), and 

Space Time Coding but these are not MIMO systems.  

3.1 Diversity 

When a channel is rich in multipath signal components, it is possible to simulate 

independent virtual paths which can then be used to transmit signal copies for redundancy. 

The ability to transmit redundant data through independently faded channel is called 

Diversity. Diversity may be exploited in both DL and UL directions. 

3.1.1 Transmit Diversity 

Transmit diversity may exist in different dimensions such as Time, Frequency or Space as 

explained below. Diversity may also be exploited in any combination of these three modes.  

1. Spatial Diversity: this is the case when different replicas of the same transmitted signal 

are sent across different antenna. There are 2 ways to achieve Spatial diversity,  

 Angle diversity: At higher frequencies (>10 GHz), the signals are highly scatter in 

space so that a receiver with directional antenna facing different direction can 

receive independent copies of the transmitted signal.  

  Antenna Diversity: This is applicable where the antenna spacing is larger than the 

coherent distance ensuring the there is little correlation between the channels 

transverse by each signal. A typical way to achieve this is to ensure a minimum 

antenna spacing greater than 0.3λ. This condition is only valid for a minimum and 

maximum distance from the transmitter beyond which there is high correlation 

between the two antennas again. 

2. Temporal Diversity: also called delay diversity, the redundant signal copy (ies) is sent at a 

later instance than the 1
st

 copy. The time difference must be greater than the coherence 

time of the channel. 
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3. Frequency Diversity: when the channel is suffering from frequency-selective fading, and 

the coherence bandwidth is small compared to the channel bandwidth, it is possible to 

send redundant copies of the signal at other frequencies being assured that they will 

undergo different fades. 

4. Polarization Diversity: two antennas with different polarization angles will provide 

uncorrelated channels without any need for worry about coherence distance. 

3.1.2 Receive Diversity 

At the receiver, independently faded can be processed in different ways to maximize SNR, 

and or Throughput. The following schemes exists for processing such signals 

1. Maximum Ratio Combining: in this scheme, each antenna is weighed according to the 

SNR value of the received signal and the output signal is a combination of the sum. 

Assume a Raleigh fading channel  

 

where is the average received branch symbol energy-to-noise ratio. 

The cdf of MRC is given by  [4] 

 
2. Selection Diversity: this is the simplest implementation of Receive Diversity, the receiver 

monitors each antenna to determine which has the highest SNR value and then switches 

to for reception. This scheme requires no additional RF chain for signal processing. 

  

and if the branches experience independent fading, the cdf is given as [4] 

 

3. Equal Gain Combining: much like the MRC, it adds up the received signal using equal 

weights. This is a suboptimal scheme but with the advantage of having an easy 

implementation.  

3.1.1. Diversity Gain 

Diversity as the name suggest implies creating redundancy. Diversity gain is obtained when 

more than one copy of a symbol is available for detection of the original symbol. These 

copies must be independent of each other i.e. not a product of delay spread. Diversity gain 

can be calculated as the reduction in the slope of the BER curve. 

3.2. Multiplexing Gain 

Say it is possible to transmit independent data streams in time and frequency without any 

additional power expenditure or bandwidth consumption and recover such perfectly, what 

you get is multiplexing gain. Unlike CDMA, no spreading codes are employed here but the 
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rich multi-path channel is viewed as uncorrelated data pipes. For proper detection, the 

minimum requirement is that the receiver must have perfect knowledge of the channel. The 

throughput gain obtained is a multiple of a SISO system by a factor of min(Nt,Nr), where Nt 

and Nr are the number of transmit and receive antenna respectively.  

Much has been said about the performance improvements of MIMO systems, the major 

advantages measured using any or combination of the following metrics. Other gains 

obtainable by using MIMO are  

3.3. Interference Suppression 

This is a product of beam steering. Each antenna has its own radiation pattern, the 

combination of multiple antennas lead to a composite beam patter with lobes and nulls 

whose shape and direction can be altered to suit the transmission/reception requirement 

3.4. Array Gain 

In the presence of multiple independent copies a symbol where it is possible to coherently 

combine the received signals, the resultant signal has a higher SNR value than each of the 

original signal. This gain is termed array gain. 

 

Figure 9: Different MIMO Transmission Schemes 

3.5. Capacity of a MIMO Channel 

A MIMO system with Nt transmit and Nr receiver antennas can provide  

• Array Gain  = Nt + Nr,   

• Diversity Gain = Nt*Nr  

• Multiplexing Gain = min (Nt, Nr )   

• Interference Suppression = Nr interferers 

Actual performance is a product of a trade-off between these metrics. 
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For a memoryless 1 x 1 (SISO) system the capacity is given by  
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where h is the normalized complex gain of a fixed wireless channel or that of a 

particular realization of a random channel. r is the SNR at any receive antenna. 

For a single-input multiple-output (SIMO) with M receive antennas, capacity given by 
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where hi is the gain for receive antenna i. 

For a MISO system with N Transmit antenna, the capacity is given by (3). The normalization 

by N shows that there is no array gain. 
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For N Transmit antenna and M receive antenna, the capacity is given by  
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where  H is the M x N channel matrix 

 

The development trend for multiple-antenna transmission systems has yielded several 

successful schemes; some can be classified as MIMO while others aren’t. Each of these 

schemes focuses of maximizing either of the above named performance metrics or achieving 

a trade-off. They are 

• Space-Time Coding: achieves transmit or receive diversity depending on the mode of 

deployment, it may also achieve coding gain. 

• Spatial Multiplexing: achieves multiplexing gain plus transmit or receive diversity 

depending on the mode of deployment. 

• Beamforming: achieves  Array gain and Interference suppression 

All three techniques are accommodated within 802.16e (WiMAX), the detailed specifications 

of the first two are studied in this chapter and the last one in chapter 6. 
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3.6. Space Time Coding (STC) 

Space-time coding is a technique that exploits diversity in the Spatial and Time domains by 

transmitting multiple copies of the same data symbol in both domains. As with other 

multiple-antenna systems, each transmission path between the transmitter and the receiver 

must be uncorrelated or have very low correlation.  

There are two types of Space-time coding namely  

1. Space-Time Block coding (STBC): STBC works on a block raw data, it transmits 

orthogonal/quasi-orthogonal copies of the same symbol without encoding across 

multiple antennas. STBC provides only diversity gain. Alamouti’s 2x1 STBC 

configurations is the only one to give a code gain of 1, STBC realize diversity gain but 

not coding gain [4, 28].  

2. Space-Time Trellis coding (STTC): Space-time trellis codes operate on one input 

symbol at a time producing a sequence of spatial vector outputs. Space-Time Trellis 

Codes (STTC) uses several convolution codes to achieve correlation in temporal and 

spatial dimension. The receiver uses a Viterbi algorithm to decode the received 

signals. Possible code sequences are given by a trellis thus coding gain is achieved. 

Considerable performance gains for wireless communication is achieved at the 

expense of a rising decoding effort which increases with the numbers of transmit 

antennas or trellis states.  

Many literatures have proven STTC to be both computationally complex particularly because 

it uses a Viterbi decoder at the receiver[4].. Alamouti’s STC is the simplest and most 

successful implementation of STBC providing a coding rate of 1, and a diversity gain of 2. 

Matrix -A is one of the STC variants provided for by 802.16e, and one of its implementations 

uses 2 transmit antenna and 1 receive antenna as shown in the figure 8. 

3.6.1. Alamouti’s STC 

Let s1 and s2 be a block of modulated symbols to be transmitted across antenna Tx1 and Tx2. 

In the 1
st

 symbol period, Tx1 transmits s1 and Tx2transmits s2. In the 2
nd

 symbol period, Tx1 

transmits –s1
* and Tx2transmits s1

*. Let s1 = [s1 -s2
*] and s2 = [s2 s1

*]. 

The inner product of s1 s2 = s1 s2* – s2* s1 = 0. 

 
Figure 10: Full Rate Space Time Code Implementation 
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Where s1* and s2* represent the conjugate transpose of s1 and s2 respectively and h is 

computed using the pilots. The channel is assumed to be stable over two symbols i.e. h1(t) = 

h1(t+1) as represented by h1 and h2.  
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A maximum likelihood detection for the transmitted signals leads to minimizing the decision 

metric  

  

for all possible values of s1 and s2 in each subcarrier. The minimizing values are the receiver 

estimates of s1 and s2, respectively. By expanding the above metric and by deleting the terms 

that are independent of the code words, we observe that the above metric can be 

decomposed in to two separate parts for detecting each individual symbol: minimizing the 

decision metric 

     

for detecting s1, and the decision metric  

  

for detecting s2 given that the channel matrix is orthogonal. 

A Zero-Forcing equalizer produces an unbiased estimate given by  

   

which can be written as: 

  

And consequently we obtain the estimates:  

  and  

 . 

Observe that the following equation holds 
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The reality of a mobile terminal in WiMAX is that the channel is not stable over two symbols 

so that the channel transfer function is a 2 x 2 matrix consisting of [h11 h12 h21 h22]. The 

equations below are more applicable for detecting both s1 and s2.  

 

 

Other advantages of Alamouti’s STC include 

I. No feedback from receiver to transmitter to achieve full diversity 

II. Low complexity decoders 

III. No extra bandwidth expansion or power consumption 

In conclusion, Space-Time coding yields a 3 – 5 dB SNR gain over SISO; with this, higher order 

constellations can be employed which in turn give capacity increase. 

3.7. Spatial Multiplexing (SM) 

Spatial multiplexing is a MIMO scheme to increase multiplexing gain by transmitting multiple 

independent symbol streams in time. In the presence of rich multi-path environment, where 

the transfer function between each Transmit-Receive antenna pairs are uncorrelated, it is 

possible through proper encoding of the transmitted symbols to detect each data stream. 

The main implementations of SM have been the Bell Labs Layered Space Time (BLAST) 

approach; the two common BLAST schemes are V-BLAST, D-BLAST. 

Vertical Bell Lab Layered Space Time (V-BLAST): as the name suggests, this is an invention of 

Bell Labs,  V-BLAST sends M bit flows out by mutually independent antennas after they are 

encoded, mapped and interleaved, so that the diversity gain is fully tapped, and each 

message flow can be tested separately. Optimal V-BLAST requires MT transmit and MR 

receive antenna for full Multiplexing gain, it provides multiplexing gain with no diversity 

gain. To introduce diversity, MR > MT with the remaining antenna being used for diversity. 
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Figure 11: V-BLAST Transmission Scheme 

Diagonal Bell Lab Layered Space Time (D-BLAST): D-BLAST transmits encoded and 

interleaved codeword in a rotated manner across the entire MT antennas. It achieves this by 

introducing delays of 1 symbol between the start of each codeword across the antennas 

thereby spreading out the codeword in time and space. D-BLAST achieves diversity and 

multiplexing gain  but that comes at the expense of wasted space-time dimension. 
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Figure 12: D-BLAST Transmission Scheme 

Spatial multiplexing primarily leads to multiplexing gain with the gain factor equal to the 

minimum number of Transmit (Mt) or Receive (Mr) antenna i.e. maximum number of 

antenna pairs. 

Another form of Spatial multiplexing involves having multiple SS transmit at the same time, 

this is called UL collaborative SM. 
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4. CHANNEL ESTIMATION 

When signals are transmitted in space, the received signal is an attenuated and distorted 

version of the transmitted one. Attenuation is a function of path loss, which is also a function 

of the distance between the Tx and RX as well as the material composition of the channel 

such as obstructions. Signal distortion comes in a various forms namely thermal noise, 

Doppler effect, multipath copies of the same signal, imperfections in the Local Oscillator (LO) 

leading to phase distortion and frequency spreading. In order to properly detect the 

received signal, some of this distortion may need to be removed, corrected or determined in 

order to make correct detections. 

 

Figure 13: A Typical Transmission Channel Showing Multipath Sources 

Channel Spread Channel Selectivity Measure of Selectivity 

Delay Spread  Frequency Selective  Coherence Bandwidth 

Doppler Spread  Time Selective Coherence Time 

Angle Spread  Space Selective  Coherence Distance 

Figure 14: Channel characteristics and measurement parameters 

In OFDM, the major challenges are to  

1. Properly determine the start and end of each OFDM symbol. 

2. Properly synchronize the system so as to ensure the orthogonality between the 

subcarriers. 

3. Determine the Carrier Phase Offset, and to finally  

4. Determine the Channel Transfer Function.  
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Various schemes have been proposed for executing each of these tasks. In-built mechanisms 

such as RTG and TTG guard times are used for frame detection, while the cyclic prefix is used 

for symbol detection. Coarse and Fine Synchronization is done with the preamble while the 

channel transfer function and Carrier Frequency Offset (CFO) can be estimated in the 

frequency domain using pilot symbols. Each of these stages in the receiver design is outlined 

next. 

4.1. Synchronization and Carrier Frequency Offset Estimation 

Unlike single carrier systems, OFDM is more susceptible to Synchronization errors and 

Carrier Frequency Offsets. Mismatched oscillators, and Doppler shift leads to 

synchronization errors and CFO. CFO causes a loss of orthogonality between the subcarriers 

which in turns lead to Inter-Carrier Interference (ICI). OFDM requires the proper 

determination of the start and the end of a frame and each symbol. It also involves finding 

the symbol timing and carrier frequency offset. A lot of synchronization schemes have been 

proposed, using either a training sequence (preamble) [26], cyclic prefix [35] or blind 

estimation using statistical properties of the frame [29].  

4.1.1. Timing synchronization 

Timing synchronization in an OFDMA receiver is based primarily on the strong auto-

correlation properties of the OFDMA waveform. This autocorrelation is a consequence of the 

cyclic prefix part of the waveform. The passage of the OFDMA waveform through the 

wireless channel smears the autocorrelation because the CP collects somewhat different 

multipath than original instance of the symbol. The longer the CP relative to the channel 

delay spread, the less the autocorrelation is smeared. 

4.1.2. Frequency Synchronization 

Frequency synchronization in OFDM receivers is generally based on a pre-FFT stage that 

handles the fractional frequency offset (i.e. the part that is not an integer multiple of sub-

carrier spacing) and a post-FFT stage that handles the integer frequency offset. The pre-FFT 

stage will usually utilize the OFDMA waveform autocorrelation. As discussed with regard to 

the timing synchronization, the OFDMA waveform displays strong autocorrelation even in 

severe multipath conditions due to the fact the duration of the CP greatly exceeds the 

channel delay spread. The post-FFT stage will usually utilize the pilot tones to correct the 

integer frequency offset. The WiMAX approach is the Schmidl’s method using 2 preamble 

symbols. In the 1
st

 symbol, a PN sequence transmitted on the odd subcarriers and nothing 

on the even subcarriers; this creates a mirror image within the symbol that remains so even 

after passing through the channel. This symbol cannot be mistaken for a data symbol so that 

upon its detection, the start of a symbol is determined. The second symbol contains two 

separate PN sequence on the odd and even subcarriers respectively, this is used for 

determining the carrier frequency offset [2]. Finer synchronization or adjustments is further 

performed using the fixed pilots located within the data symbols. 
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In the UL segment, synchronization is a bit more complex because of the presence of 

Multiple Users. Synchronization between SS is achieved via a ranging calibration defined in 

the MAC layer. A portion of the UL subframe is used for jointly transmitting the ranging 

information, to allow for simultaneous use of this subchannel, the ranging information of 

each SS in the UL is QPSK-CDMA modulated.  

4.2. ISI Cancellation 

Inter-Symbol Inference (ISI) is the result of delayed samples of a previously transmitted 

symbol spreading into later symbols. The effect of ISI is more profound when the symbol 

length is small compared with the delay spread. For a mobile unit (speed > 60 km/h), in 

urban neighborhoods, delays of up to 20 us are not uncommon thus for a single-carrier 

transmissions at high data rate, ISI may span hundreds of symbols, With OFDM, the symbol 

period is much longer than the maximum delay spread nevertheless there remains a 

significant amount of ISI at the start of the symbol.  

Traditional ISI mitigation techniques include the use guard spaces and pulse shaping while ISI 

cancellation techniques use complex equalizers like MMSE that require many taps. Guard 

spaces are inefficient due to the length of ISI involved and the loss of synchronization that it 

leads to. An equalizer will require hundreds of taps and are computationally complex for a 

multi-carrier system like OFDM. A novel way to circumvent ISI is by appending redundant 

data samples at the beginning of each symbol to absorb the ISI component. In OFDM, the 

redundant data is taken from the tail of the symbol (hence the name Cyclic Prefix (CP)). The 

presence of the CP transforms the linear convolution between the channel transfer function 

and the transmitted symbol into a circular convolution which in itself is a added benefit in 

maintaining the orthogonality of the subcarriers. 

 

Figure 15: OFDM Symbol with Cyclic Prefix 
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Figure 16: Effect of Cyclic Prefix on symbol autocorrelation 

For the CP to total eliminate ISI, it must be longer than the maximum delay of the channel, 

the downside is that a CP takes the place of data symbols thus there is a reduction in the 

overall throughput. 

4.3. Channel Equalization 

OFDM by design is less prone to the effects of frequency selective fading compared to a 

narrowband system with the same bandwidth. For each subcarrier, the symbol period is 

Nfft*T and the bandwidth is B/Nfft compared to a single-carrier (SC) system with bandwidth 

of B and symbol period T. The bandwidth of each subcarrier is less than the coherence 

bandwidth of the channel so that it can be modeled as flat-fading thus the determination of 

the attenuation coefficient is sufficient to equalize the subcarrier. Across the entire OFDM 

spectrum, the system may still suffer from severe time and frequency-selective fading from 

subcarrier to subcarrier as shown in figure 12. Channel equalization for the entire frame is 

still a subject worthy of some detailed study.  



39 

Master thesis 

Performance analysis of Adaptive array system  

and Space time coding in Mobile WiMAX 

 

 

Figure 17: Effect of Doubly-Selective Channel on an OFDM transmission 

4.3.1. Pilot-Assisted Channel Estimation 

Training-symbol based channel estimation has worked in other wireless systems principally 

because 

� Frame duration is small compared to the channel length 

� Training sequence is long compared total frame duration. 

� Transmission is either fixed or only limited mobility is supported 

These factors ensure that the channel estimate at any time instant within a frame is 

approximately equal to the channel estimate calculated using the training-sequence at the 

start of a frame. However considering the design objectives of the 802.16e standard which 

includes support for mobility up to vehicular speed the channel estimate varies significantly 

from time to time thus it is imperative to track the channel estimate continuously. In OFDM, 

pilot symbols are distributed evenly across a frame in time and frequency, these pilot 

symbols present an optimal way to continuously estimate the channel.  

In OFDM, pilot symbols with are generated by a Linear Feedback Shift Register (LFSR), they 

are BPSK-modulated so that they have a higher SNR value compared to ordinary data 

symbols. Upon reception of a frame, the pilot symbols are extracted and their values 

compared with an exact copy at the receiver to determine the channel Transfer Function at 

the pilot location. The Transfer Function for subcarriers between the pilots can then be 

interpolated using any technique such as linear interpolation, DFT-based filtering, Spline 

interpolation etc. The phase shift information can be discarded if ICI is not present or used 

for CFO tracking.   

Several channel estimation schemes have been proposed for WiMAX, the vendor has the 

discretion as to which method to adopt. The trade-off is selecting a good channel estimation 

system is between speed of execution, complexity of algorithm and memory requirements. 

The optimal method for computing the transfer function is the Minimum Mean-Squared 
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Error (MMSE) equalizer and the easiest approach to adopt is the Least Mean Square 

equalizer. Both approaches are studied in this thesis, but for practical purposes, the LMS is 

adopted in the simulation. 

4.3.1.1. Least Mean Square Equalizer 

OFDM system can be modeled by a set of N independent Gaussian channels as 

 nXhy +=    

where y is a received vector of size Nx1, X is a matrix of size NxN with the 

elements of the transmitted signals on its diagonal, h is a channel attenuation 

vector of size Nx1 in frequency domain, and n is a vector of size Nx1 of 

independent identically distributed  complex zero-mean Gaussian noise with 

variance s No/2. 

We assume that the noise n is uncorrelated with the channel h. We consider a multipath 

channel model consisting of L impulses in time domain  
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 where ak is zero-mean complex Gaussian random variable with variance σk
2
,  µ 

is length of the channel impulse response, τk is uniformly distributed delay, and 

Ts is sampling interval. We assume that m is less than the length of the cyclic 

prefix. 

A least square estimate of the channel transfer function is found by simply determining the 

transfer function at the pilot locations and then interpolating between the pilot locations.  
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There are several interpolation methods that can be used, Linear interpolation gives a good 

approximation at high SNR values, other interpolation techniques proposed are 2
nd

 order 

interpolation, Spline function (Matlab), Weiner filter, DFT-based interpolation etc. The 

quality of the channel estimate is a function of available pilots; more pilots mean less 

interpolation. Our simulation shows that Linear interpolation suits WiMAX for SISO 

transmission. 

4.3.1.2. Minimum Mean-Squared Error (MMSE) Equalizer 

The MMSE estimator employs the second-order statistics of the channel conditions to 

minimize the mean-square error. Denote by Rgg
 
, Rhh, and Ryy the autocovariance matrix of 

g , H  , Y and , respectively, and by RgY the cross covariance matrix between g  and Y . 

Also denote by 
2

�σ  the noise variance 
{ }2
�E

. Assume the channel vector g  and the noise 

Y are uncorrelated, it is derived that 
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Assume ggR  (thus hhR ) and 
2

�σ  are known at the receiver in advance, the MMSE estimator 

of g  is given by  

HH

YYgYMMMSE YRRg
1

ˆ
−=  [2–5].  

Note that if g is not Gaussian, MMMSEĝ  is not necessarily a minimum mean-square error 

estimator, but it is still the best linear estimator in the mean-square error sense. At last, it is 

calculated that 
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The MMSE estimator yields much better performance than LS estimators, especially under 

the low SNR scenarios. A major drawback of the MMSE estimator is its high computational 

complexity, especially if matrix inversions are needed each time the data in X changes.  

The LMMSE is a simplification of the MMSE estimator [30]; several schemes have been 

investigated such as Singular Value Decomposition of hhR , which is an optimal low-rank 

MMSE [29]. Firstly, the term ( ) 1−H
XX is replaced by the expectation ( ){ }1−H

XXE , if all the 

pilots have the same signal constellation, then 
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We then define the average SNR as  
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( ) 1
2

−H

� XXσ  can be approximated by ( )IS�R/β where β is a constant dependent only on 

the signal constellation. For this simulation, β is 17/9 for 16 QAM modulation. 
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5.  SMART ANTENNA SYSTEMS 

There is an ever-increasing demand on mobile wireless operators to provide voice and high-

speed data services. At the same time, these operators want to support more users per base 

station to reduce overall network costs and make the services affordable to subscribers. As a 

result, wireless systems that enable higher data rates and higher capacities are a pressing 

need.  

However the increasing number of users will cause co-channel interference, which in turn 

puts a limit in capacity of a system. The other impairments contributing to the reduction of 

system performance and capacity are multipath fading and delay spread caused by signals 

being reflected from structures (e.g., buildings and mountains) and users traveling on 

vehicles. 

The deployment of smart antennas (SAs), especially the Adaptive Array Systems (AASs) 

through the use of multiple-element antenna array for wireless communications has 

emerged as one of the leading technologies for achieving high efficiency networks that 

maximize capacity and improve quality and coverage.  

Fig. 18 displays a general antenna system for broadband wireless communications. The 

wireless system performs the communications between a mobile station (MS, or SS) and a 

base station (BS) via a wireless channel. The data communication from the BS to the SS is 

referred to as the downlink (DL), and the inversed direction of communication from the SS to 

the BS is referred to as the uplink (UL).  

 

Figure 18: : A general antenna system for broadband wireless communications [16] 
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5.1. SMART ANTENNA BASICS 

5.1.1. Antenna array 

An antenna in a telecommunications system is the device through which, in the transmission 

mode, radio frequency (RF) energy is coupled from the transmitter to the free space, and 

from free space to the receiver in the receiving mode [17]. 

In many applications, it is necessary to design antennas with very directive characteristics 

(very high gains) to meet demands for long distance communication. In general, this can only 

be accomplished by increasing the electrical size of the antenna. Another effective way is to 

form an assembly of radiating elements in a geometrical and electrical configuration, 

without necessarily increasing the size of the individual elements [18]. Such a multi-element 

radiation device is defined as an antenna array [15]. 

The total electromagnetic field of an array is determined by vector addition of the fields 

radiated by the individual elements, combined properly in both amplitude and phase [11]. 

Antenna arrays can be one-, two-, and three-dimensional. By using basic array geometries, 

the analysis and synthesis of their radiation characteristics can be simplified. In an array of 

identical elements, there are at least five individual controls (degrees of freedom) that can 

be used to shape the overall pattern of the antenna. These are [15]: 

(i). geometrical configuration of the overall array (linear, circular, rectangular, 

spherical, etc.) 

(ii). relative displacement between the elements 

(iii). amplitude excitation of the individual elements 

(iv). phase excitation of the individual elements 

(v). relative pattern of the individual elements 

Many valuable insight of antenna array’s behavior can be gained by analyzing linear array, 

the simplest array geometry.  In linear array, all elements are aligned along a straight line 

and generally have uniform element spacing. The minimum length linear array is the two-

element array. 

We are going to analyze a two-element array. The two-element array demonstrates the 

same general behavior as much as larger arrays. 
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Figure 19: Two Infinitesimal Dipoles 

Figure 19 shows two horizontally polarized dipoles aligned along the y-axis and separated by 

a distance d. The mobile station is located at a distance r from the middle point of two 

elements such that r >> d; r1, r2 are the distances from two elements of the array to the 

analyzing point;  is the angle of arrival. 

Assuming far field condition such that r>>d, the following assumption can be made: 

 

 

Or even simplify:  .  

And the total electric field is as a result given as: 

Where: 

 = electrical phase difference between the two adjacent elements 

L = dipole length 

Θ = angle of arrival as measured from the z-axis in spherical coordinates 

d = element spacing 
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The total electric field can be further simplified as: 

 

 

Where the element factor is the far field equation for one dipole and the array factor is the 

pattern function associated with the array geometry. 

The far field pattern of any array of antennas is always given by Element factor x Array factor 

Since the antenna element has an isotropic (same in all direction) radiation pattern, the 

resultant pattern totally depends on the AF. The array factor (AF) is dependent on the 

geometric arrangement of the array elements, the spacing of the elements (d) and the 

electrical phase of each element (θ). 

For a given element spacing d, by changing the value of β desired null or maxima can be 

obtained in any direction θ. 

In the more general linear array with N elements, when far field condition is assumed, the 

array factor (AF) can be derived as follows: 

     

 

 

We may normalize AF to be presented as: 

 

 

 

Element factor Array factor 
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Figure 20: A uniform linear array (ULA) with two elements, with the boresight and angle of arrival (AOA) 

5.1.2. Antenna Boresight 

The antenna boresight is the direction perpendicular to the plane of the array, on either side 

of the plane. It is the intended direction for maximum radiation. The boresight corresponds 

to the direction of . 

5.1.3.  Angle of arrival 

Angle of arrival  (AOA) is the angle formed by the direction of incoming signals and the 

boresight. 

 

5.1.4. Maxima 

The main lobe maximum occurs in equation 5.1.2.1 when the denominator term   = 0. 

Thus: 

 

5.1.5. Nulls 

From the equation 5.1.2.1, the array nulls occur when the numerator argument   

. Thus the array nulls are given when 
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or 

 , n = 1,2,3,… 

5.1.6. Beam width 

The beam width of a linear array is measured at 3-dB points of a radiation pattern. Therefore 

it is also referred to as Half power beam width (HPBW). The Half power beam width (HPBW) 

of any antenna radiation pattern is defined as ‘In the plane containing the direction of the 

maximum of a beam, the angle between two directions in which the radiation intensity is half 

the maximum value of the beam’. The HPBW varies for different angles (minimum for 90 and 

maximum for 0). To differentiate between users in the same cell we would require the 

HPBW to be small, hence in practice, sectorized antenna array is used, each array operating 

for 30 to 150 degrees. 

HPBW  = 2  = 2   

  

 

 

5.1.7. Broadside linear array 

When  = 0 such that all element currents are in phase, the maximum radiation is 

broadside to the array geometry, and the linear array is said to operate in broadside 

mode. Broadside is the most common mode of operation for a linear array. Two major 

lobes are seen since the broadside array is symmetric about the   line. As the 

element spacing increases, the array physically is longer, thereby decreasing the main 

lobe width. The general rule for array radiation is that the main lobe width is inversely 

proportional to the array length. 
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Figure 21: Array Factor Plots of 4 Element Broadside Array for d/λ = 0.25, 0.5, 0.75 

5.1.8. Beam-steered linear array 

A beam-steered linear array is an array where the phase shift  is a variable thus 

allowing the mainlobe to be directed toward any direction of interest. The beamsteering 

 

 

 



49 

Master thesis 

Performance analysis of Adaptive array system  

and Space time coding in Mobile WiMAX 

conditions can be satisfied by defining the phase shift . The array factor 

can be rewritten in terms of beam-steering such that: 

 

5.2. TYPES OF SMART ANTENNA SYSTEMS 

Basically, smart antenna systems are categorized into major configurations: switched beam 

and adaptive array antenna system. Switched beam antenna systems cover a cell area with a 

finite number of fixed, predefined patterns or combining strategies, while adaptive array systems do 

the same task with an infinite number of patterns (scenario-based) that are adjusted in real time. 

[IEC] 

The switched beam system selects one of several predetermined fixed-beam patterns (based 

on weighted combinations of antenna outputs) with the greatest output power in the 

remote user's channel. These choices are driven by RF or baseband DSP hardware and 

software. The system switches its beam in different directions throughout space by changing 

the phase differences of the signals used to feed the antenna elements or received from 

them. When the mobile user enters a particular macrosector, the switched beam system 

selects the microsector containing the strongest signal. Throughout the call, the system 

monitors signal strength and switches to other fixed microsectors as required. 

 

 

Figure 22: Switched Beam System Coverage Patterns (Sectors) [19] 

The adaptive antenna systems approach communication between a user and base station in 

a different way, in effect adding a dimension of space. By adjusting to an RF environment as 

it changes (or the spatial origin of signals), adaptive antenna technology can dynamically 

alter the signal patterns to near infinity to optimize the performance of the wireless system. 

Adaptive arrays utilize sophisticated signal-processing algorithms to continuously distinguish 

between desired signals, multipath, and interfering signals as well as calculate their 
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directions of arrival. This approach continuously updates its transmit strategy based on 

changes in both the desired and interfering signal locations. The ability to track users 

smoothly with main lobes and interferers with nulls ensures that the link budget is 

constantly maximized because there are neither microsectors nor predefined patterns. 

 

Figure 23: Adaptive Array Coverage: A Representative Depiction of a Main Lobe Extending Toward a User 

with a Null Directed Toward a Cochannel Interferer [19] 

 

 

Figure 24: Beamforming Lobes and Nulls that Switched Beam (Red) and Adaptive Array (Blue) Systems Might 

Choose for Identical User Signals (Green Line) and Co-channel Interferers (Yellow Lines) [19 

Through adaptive array, base stations can form narrower beams towards the desired user 

and nulls towards interfering users, considerably improving the signal-to-interference-plus-

noise ratio. 
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5.3. STRUCTURE OF AN ADAPTIVE ARRAY BEAMFORMING SYSTEM 

Any wireless system can be separated to reception and transmission part. Fig. 21 and 22 show the 

diagrams of the reception and transmission part of a smart antenna system respectively. 

SA receiver 

 

Figure 25: Reception part of a smart antenna [15] 

A smart antenna receiver basically comprises of an antenna array of M elements, a Radio 

unit, a Beamforming network and a Signal processing unit.  

The number of elements in the array should be kept relatively low in order to avoid the high 

complexity of the signal processing unit. 

The radio unit consists of M down converters corresponding to M array elements and an 

analog to digital conversion (ADC). The down converters (each for one array element) take 

the RF signals received at the corresponding antenna elements and convert the signals to 

baseband, then send them to the ADC to digitize it before sending them further to the Signal 

processing unit and the Beamforming network. 

The function of the signal processing unit is to receive signals from all active output ports of 

the Radio unit, calculate the complex weights w and provides the weights to the 

beamforming network. There are many methods of calculating the weights. Each method 

depends on a different type of optimization criterion, such as Maximum SNR, minimum MSE, 

minimum BER, etc. Thus the ‘smarts’ of a smart antenna system are believed to be chiefly 

derived from the digital signal-processing capability, not the ‘antenna’ itself. 
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In the beamforming network, the received signal from each of the array elements is 

multiplied with the weight from the Signal processing unit. The multiplied signals are then 

combined together into one single signal which is fed to the next processing part of the 

receiver. 

Interfering signals are undesired signals. They could be the desired signal itself arriving with 

different phase shifts due to multipath propagation or they could be generated by some 

other communication systems located within the range and operating inside the same 

frequency band. They could also be generated by unfriendly party attempting to jam the 

desired communication link. 

SA transmitter 

The transmission part of a SA system is schematically similar to its reception part with the 

same functioning blocks. However, all the operations are performed in the reversed order. 

The signal is first split into N branches. The split signals are weighted by the complex weights 

computed by the Signal processing unit. The weighted signals are passed to the Radio unit to 

convert to analog signals by the Digital to Analog Converter (DAC) and up to RF signals by the 

up-converter chains. 

 

 

Figure 26: Transmission part of a smart antenna [15] 

Another functional block diagram of the digital processing unit, the most intelligent part of an SA 

system is shown in Figure 23. 
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Figure 27: Functional block diagram of an AAS [15] 

 

 

5.4. ADAPTIVE ANTENNA SYSTEMS (AAS) IN IEEE 802.16e-2005  

AAS with its substantial and impressive advances in improving range and system capacity, 

spectral efficiency, increasing SNR, and effectively suppressing the interference, was opted 

by IEEE 802.16 standard to accomplish the key designated features and expectation on 

WiMAX. 

Through the use of antenna array, AAS improves range and system capacity by adapting the 

antenna pattern and concentrating its radiation to each individual subscriber. The spectral 

efficiency can be increased linearly with the number of antenna elements, by steering beams 

to multiple users simultaneously so as to realize an inter-cell frequency reuse of one and an 

in-cell reuse factor proportional to the number of antenna elements. 

The Signal-to-noise ratio (SNR) gain in AAS is realized by coherently combining multiple 

signals, and the ability to direct this gain to particular users.  

Another possible benefit is the reduction in interference achieved by steering nulls in the 

direction of co-channel interferers. Moreover, in AAS BS has full control over the 

transmissions. They start only after getting permission from the BS. Hence interference from 

one SS to another does not happen unless due to errors. If more than one user needs access 

and they are located close by, then they can be attended by single beam but operating at 
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different subcarriers or different time slot in that frame; concurrently, other transmissions 

can be run in spatially separate SS, thus increasing system capacity. 

The IEEE standard provides optional specifications for adaptive antenna systems (AAS); 

additionally the BS providing this service to AAS SS should maintains compatibility between 

AAS users and Non-AAS users, both in Time division duplexing (TDD) and frequency division 

duplexing (FDD) systems [1]. To achieve this, frame is allocated dynamically between Non-

AAS and AAS subscribers by the BS. Non-AAS subscribers shall ignore the traffic not intended 

for them. 

 
Figure 29: AAS zone, TDD [1] 

Power offset can be detected just by calculating the difference between the required power 

and the received power. Next section describes in detail the process of recovering the timing 

and frequency offset information and the causes for performance degradation. 

 

5.4.1. Ranging 

When a new SS enters into the network for the first time, the BS is unaware of its presence, 

and therefore is not aiming the adaptive array at its direction. The SS is also unsynchronized 

with the BS. In order to inform the BS of its presence and to synchronize to the system 

channel, the SS starts a ranging process. An uplink ranging process consists of two 

procedures—initial ranging and periodic ranging.  

 
Figure 28: AAS zone, FDD [1] 
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Initial ranging allows an SS to acquire correct transmission parameters, such as time offset 

and Tx power level, so that the SS can communicate with the BS. MSS achieve by listening to 

the preamble and acquire uplink parameters from the broadcast messages (DL-MAP, DCD, 

UL-MAP and UCD) from the BS. 

Following initial ranging, periodic ranging allows the SS to adjust transmission parameters 

such as transmit power so that the SS can maintain uplink communications with the BS. 

In 802.16e OFDMA system, code division multiple access (CDMA) codes are used to enhance 

the security and quality of ranging operation. OFDMA PHY defines a set of special 

pseudonoise ranging CDMA codes and a ranging subchannel. The codes are allocated in the 

UCD (Uplink Channel Descriptor) message and will be detected at the BS during the 

operation [1]. 

 

SSs that wish to perform ranging or bandwidth request shall start by randomly choosing a 

Ranging code in a randomly selected Ranging Slot from available Ranging Region and send it 

to the BS. 

Upon successfully receiving a CDMA Ranging Code, the BS broadcasts a Ranging Response 

message that advertises the received Ranging Code as well as the ranging slot (OFDMA 

symbol number, subchannel, etc.) where the CDMA Ranging code has been identified.  

This information is used by the SS that sent the CDMA ranging code to identify the Ranging 

Response message that corresponds to its ranging request. The Ranging Response message 

contains all the needed adjustment (e.g., time, power, and possibly frequency corrections) 

and a status notification. 

When the BS receives an initial-ranging CDMA code that results in sending an RNG-RSP 

message with success status, the BS shall provide BW allocation for the SS using the 

CDMA_Allocation_IE to send an RNG-REQ message. 

Upon receiving a Ranging Response message with continue status, the SS shall continue the 

ranging process as done on the first entry with ranging codes randomly chosen from the 

Periodic Ranging domain. 

5.4.2. Power adjustment during ranging 

When the MSS achieves coarse synchronization, it decodes the UCD message which contains 

information as to the maximum power that the BS can receive and the power which was 

transmitted by the BS. The MSS calculates the Received signal strength and computes the 

losses in the channel and calculates the maximum power that it can use for transmitting the 

ranging request (CDMA code). After acquiring such information it will transmit at a power 

level below the maximum level and start the ranging process, if it does not get a response 

back from the BS, then it transmits the CDMA code at a higher power level. If in case the 

MSS has achieved the coarse synchronization and yet unable to decode the UCD message, it 

will start transmitting at the lowest possible power level and increasing it a level higher until 
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it receives a response. Power offset at the BS is simply calculated as (required power at BS - 

received power).  

 

5.4.3. Bandwidth request 

The AAS subscribers might not be able to request bandwidth using the usual contention 

mechanism. This happens because the adaptive array may not have a beam directed at the 

MSS when it is requesting bandwidth, and the Bandwidth Request will be lost [2]. In order to 

avoid this situation, an AAS MSS is directed by the BS as to whether or not it may use 

broadcast allocations for requesting bandwidth. If yes, then BS may change its direction 

dynamically towards the MSS and wait for bandwidth request messages else the BS needs to 

ensure that the MSS is regularly polled so as to learn about its bandwidth requirements. 
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5.4.4. AAS frame structure 

 

 

Figure 30: Downlink subframe in AAS frame structure [1]  

The frame in the AAS region starts with the well known preamble, followed by broadcast 

messages (UL-MAP, DL-MAP), giving information about synchronization and possible ranging 

contention slots in the uplink part of the frame. Apart from repetitive coding on the 

broadcast information, robust modulation scheme (QPSK) is chosen to allow detection of it 

by MSS at very low power. This information is transmitted in all directions, hence may not 

reach the cell boundary, but the redundant coding and modulation scheme might make it 

possible to detect this information at the MSS. The inherent processing gain in the preamble 

aids in synchronization even when the beam is not precisely pointing towards the new SS. A 

SS which is able to detect and decode these messages correctly will acquire all the 

information required for ranging and starts the ranging process. If in case the MSS is 

synchronized yet unable to decode the messages, it shall use AAS contention slots (pre-

defined part of the frame for initial ranging) to alert the BS about its presence. Unlike usual 

initial ranging, the MSS shall use all available contention slots to allow sufficient time for BS 

to adapt its array. After such an attempt, the SS will wait for DL-MAP and DCD (Downlink 

Channel Description) messages from BS and shall continue network entry, as in Non-AAS 

case. 

 

Optionally, AAS downlink preamble is transmitted so that the SS can attain coarse 

synchronization followed by AAS down link frame prefix (DLFP), transmitted by BS, 

containing necessary information like, compressed DL-MAP needed for obtaining downlink 

parameters and uplink initial ranging allocation information. The AAS-DLFPs transmitted 

within the AAS diversity map zone need not carry the same information. Different beams 

may be used within the AAS diversity map zone, however each AAS downlink preamble and 

associated AAS-DLFP must be transmitted on the same beam. 
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Figure 31: AAS diversity map-zone [2] 

5.4.5. DOA estimation 

In switched beamforming, DOA computation is used to determine the location of the new 

MSS when it is attempting for initial ranging, once determined the adjacent two beams can 

be scanned, for maximum power, at periodic intervals to determine whether the MSS has 

moved to another location or not. The way the AAS is described in the IEEE standard [1], 

suggest that there is no hard need for DOA computation, if the BS points the beam in one 

direction and transmits the DLFP, any new MSS, in that region, shall receive these messages 

and acquire all needed information to perform initial ranging in the allocated contention 

slots. Thus by ensuring that the BS points the beam in all direction at transmit DLFP, within a 

period of time, a complex part, DOA computation can be avoided. But, this comes at the cost 

of increased number of calculations for the initial ranging detection, which is more 

expensive. 

 

A more efficient solution is to find the timing offset information using the output from a 

single antenna and then use the DOA computation algorithm on the samples taken after that 

time offset. By finding the time offset we get information about from which sample the 

ranging data is starting, then we can apply the DOA algorithm for this data. Considering one 

antenna output instead of the total array reduces the gain but the inherent gain in the 

CDMA code used for ranging aids in the new MSS detection. 

 

5.5. DOA ESTIMATION METHODS 

5.5.1. Introduction to AOA estimation methods 

In this part of the report, we examine the AOA estimation methods and their performance, 

sensitivity and limitations. The objective of AOA estimation is to predict the signal arriving 

from a desired direction in the presence of noise and interfering signals. 

AOA estimation has also been known as spectral estimation and direction of arrival (DOA) 

estimation. In this report, we will discuss one conventional method, the Capon (MVDR) and 

two subspace methods, the MUSIC and the ESPRIT. 

The array output of D signals arriving from D directions and received by an array of M 

elements is represented in the following form: 
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where: y(k) = kth time sample of array output 

w  = [ ]’ = array weights 

Input signal of the beamformer: 

 

 

s(k) = vector of incident complex signals at time k 

n(k) = noise vector at each array element m, zero mean, variance  

a( ) = M-element array steering vector for the  direction of arrival 

A = [ )] -- MxD matrix of steering vectors a( ) 

Signal autocovariance matrices 

The received signal autocovariance matrix is given by: 

 

The desired signal autocovariance matrix is given by : 

 

where: 

- H denotes Hermitian (complex conjugate transpose) matrix operation 

- E[] denotes expectation operation 

Assuming that the noise is white Gaussian noise with noise variance ( ), we have the noise 

correlation matrix: 

 , with I = [N x N] identity matrix 

When the source signals are uncorrelated,  is a diagonal matrix. 

When the noise is uncorrelated with the desired signals, the autocovariance matrix of the 

received signal can be written as: 

  +   
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In practice, an estimate of the signal autocovariance can be achieved by averaging the 

correlation over a set of K samples: 

  

5.5.2. Capon AOA estimate 

This method is known as Minimum Variance Distortionless Response (MVDR). It is also 

alternatively a maximum likelihood estimate of the power arriving from one direction while 

all other sources are considered as interferences. In this method, the output power is 

minimized with the constraint that the gain in the desired direction remains unity. Solving 

this constraint, we obtain the expression for calculating array weight as follows: 

  

 The Capon pseudo spectrum is determined by: 

  

The input data is divided into set of blocks and the covariance matrix is estimated over each 

block consisting of ‘K’ input samples, followed by the spectrum estimation. The same 

process of estimating spectrum is repeated for many blocks and an average is considered 

over them to obtain the estimate of Capon’s spectrum.  

Capon makes the assumption that the desired signal and the interferences are uncorrelated, 

which makes the source autocovariance matrix diagonal. If the multiple signals can be 

considered as multipath signals with Rayleigh amplitude and uniform phase, the 

uncorrelated condition is met and the Capon estimate will work. In the case where 

competing sources are highly correlated, the Capon resolution deteriorates [8]. 

The advantage of Capon method is that it does not require the priori knowledge of the 

specific statistical properties. 

5.5.3. Music AOA estimate 

MUSIC stands for Multiple Signal Classification. This method was proposed by Schmidt and is 

a popular high resolution eigenstructure method. The MUSIC algorithm assumes that the 

noise in each channel is uncorrelated with that in other channels making the noise 

correlation matrix diagonal. 

The number of incoming signals must be known in advance or determined from the 

eigenvalues. If the number of signals is D, the number of signal eigenvalues and eigenvectors 
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is D and the number of noise eigenvalues and eigenvectors is (M-D) where M is the number 

of elements. 

Noise eigenvector: 

  = [   … ] 

The noise subspace eigenvector are orthogonal to the array steering vectors at the angles of 

arrival , , … .  

Because of this orthogonality condition, the Euclidean distance = a (θ) 

= 0 for each and every angle , , … .  

Placing this distance expression in the denominator creates sharp peak at the angles of 

arrival. Therefore MUSIC pseudo spectrum is given by: 

 

 

 

Estimate of the array correlation matrix when the signal statistic is unknown is given 

as: 

 

  

Where: 

 

 

,  

 

5.5.4. ESPRIT AOA estimate [3] 

ESPRIT stands for Estimation of Signal Parameters via Rotational Invariance Techniques. 

ESPRIT is a computationally efficient and robust method of AOA estimation.  

ESPRIT is similar to MUSIC in the sense that it makes use of a data matrix with the array 

snapshots collected within the coherence time of the channel to compute the number of 

sources and AOA. It is however an attempt to reduce the computational complexity 

(searching over parameter space) and storage requirement (of array calibration data) of 

MUSIC. ESPRIT indeed achieves a significant reduction in the aforementioned computation 

and storage costs by imposing a constraint on the structure of the sensor array to possess a 
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displacement invariance, i.e., sensors occur in matched pairs with identical displacement 

vectors. 

It uses two identical arrays (called Doublet) in the sense that array elements need to form 

matched pairs with an identical displacement vector, that is, the second element of each 

pair ought to be displaced by the same distance and in the same direction relative to the first 

element. [Smart antennas] 

These arrays can be separated or be composed of sub-arrays of one larger array. 

 

. . . . 

 

 
Figure 32: Doublet composed of two identical displayed arrays 

The aim of ESPRIT method is to exploit the rotational invariance in the signal subspace which 

is created by two arrays without a translational invariance structure. 

The ESPRIT assumes that narrowband signals so that the translational phase relationship 

between the multiple arrays to be used is established. ESPRIT assumes that there are D < M 

narrow-band sources centered at the center frequency fo. To allow incident propagating 

field to be approximating planer, signal sources are assumed to be of sufficient range. The 

source can be either random or deterministic, while the noise is assumed to be random with 

zero mean. 

 

Procedure to estimate angles of arrival in ESPRIT method: 

- Estimate the array correlation matrices  from the data samples. 

- Knowing the array correlation matrices for both sub-arrays, one can estimate the 

total number of sources by the number of large eigenvalues in either . 

- Calculate the signal subspaces  and  based upon the signal eigenvectors of 

 and . For ULA, one can alternatively construct the signal subspaces from 

the entire array signal subspaces . is an MxD matrix composed of the signal 

eigenvectors. can be constructed by selecting the first M/2 +1 rows ((M+1)/2 +1 

for odd arrays) of .  can be constructed by selecting the last M/2 +1 rows 

((M+1)/2 +1 for odd arrays) of . 

- Next form a 2Dx2D matrix using the signal subspaces such that: 

 

 

Array 1 

Array 2 

d 
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Where the matrix  is from the eigenvalue decomposition (EVD) of C such that 

   and } 

 

- Partition  into four DxD submatrices such that 

 

 

- Estimate the rotation operator   by 

 

 

- Calculate the eigen-values of , , …, . 

- Now estimate the angles of arrival, given that   

 

 i = 1,2,…,D 

 

If so desired, one can estimate the matrix of steering vectors from the signal 

subspaces , and the eigenvectors of  given by  such that . 

 

5.6. ADAPTIVE BEAMFORMING TECHNIQUES 

In adaptive beamforming techniques, two main strategies are distinguished. The first 

one is based on the assumption that part of the desired signal is already known through the 

use of a training sequence. This known signal is then compared with what is received, and 

the weights are then adjusted to minimize the Mean Square Error (MSE) between the known 

and the received signals. In this way, the beam pattern can be adjusted to null the 

interferers. This approach optimizes the signal-to-interference ratio (SIR), and is applicable 

to non-line-of-sight (NLOS) environments. Since the weights are updated according to the 

incoming signals, not only the interference is reduced but the multipath fading is also 

mitigated. In the second one, the directions of arrivals from all sources transmitting signals 

to the array antenna are first identified. The complex weights are then adjusted to produce a 

maximum toward the desired angle and null toward interfering signals.  

This strategy may turn out to be deficient in practical scenarios where there are too many 

DOAs due to multipaths, and the algorithms are more likely to fail in properly detecting 

them. This is more likely to occur in NLOS environments where there are many local 
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scatterers close to the users and the base station, thus resulting in a wider spread of the 

angle of arrival. 

 

Figure 33: Fully adaptive spatial processing supporting the users on the same conventional channel 

simultaneously in the same cell [15] 

Another significant advantage of the adaptive antenna systems is the ability to share 

spectrum. Because of the accurate tracking and robust interference rejection capabilities, 

multiple users can share the same conventional channel within the same cell. System 

capacity increases through lower inter-cell frequency reuse patterns as well as intra-cell 

frequency reuse. Figure 29 shows how adaptive antenna approach can be used to support 

simultaneously two users in the same cell on the same conventional channel. 

In each of the two plots, the pattern on the left is used to communicate with the user on the 

left while the pattern on the right is used to talk with the user on the right. The drawn lines 

delineate the actual direction of each signal. Notice that as the signals travel down the 

indicated line toward the base station, the signal from the right user arrives at a null of the 

left pattern or minimum gain point and vice versa. As the users move, beam patterns are 

constantly updated to insure these positions. The plot at the bottom of the figure shows 

how the beam patterns have dynamically changed to insure maximum signal quality as one 

user moves toward the other.  

Smart antennas imply more than steering the beam to the directions of interests. It is to 

control the performance of the antennas. Smart antenna patterns are controlled based on a 

certain criteria, such as Maximum Signal to Interference Ratio (SIR) , Minimum Mean Square 

Error (MSE), Minimum the variance, Minimum Bit Error Rate (MBER), nulling the interfering 

signals. 
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In this report we examine two algorithms for adaptive beamforming, the classical Least 

Mean Square (LMS) basing on the criterion of minimizing the MSE and the newly proposed 

algorithm Minimum Bit Error Rate (MBER) basing on the criterion of minimizing the BER. 

5.6.1. Least Mean Square (LMS) 

LMS is probably the most widely used adaptive algorithm due to its low computational 

complexity and proven robustness. 

LMS algorithm updates the weights at each iteration by estimating the gradient of the 

quadratic surface (cost function) and then moving the weights in the negative direction of 

the gradient by a small amount. The constant that determines this amount is normally 

referred to as the step size. When this step size is small enough, the process leads these 

estimated weights to the optimal weights. The convergence and the transient behavior of 

these weights, along with their covariance, characterize the LMS algorithm, and the way that 

the step size and the process of gradient estimation affect these parameters is of great 

practical importance. 

When analyzing the error at a certain instant, we can suppress the time dependence. Cost 

function is given as: 

 

where , with d is the reference signal. 

W denotes beamformer weight, and H denotes Hermitian (complex conjugate transpose) 

matrix operation. 

The gradient of the cost function (performance surface) is given as: 

 

where  is the array correlation matrix and  is the signal correlation vector 

The instantaneous estimates of these values are given as:  

 

 

Steepest descent technique can be used to approximate the gradient of the cost function. 

The steepest descent iterative function is given as: 
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Where  is the step size  

By substituting the instantaneous correlation approximations of w, LMS solution is achieved 

as: 

 

where: 

 is the error. 

And d(k) and y(k) are the time instant of the reference signal and the array output of 

the beamformer respectively. 

The convergence of the LMS algorithm is directly proportional to the step size . The value 

of  therefore must be carefully opted to insure the convergences.  

The condition for choosing an appropriate value of step size  is: 

 

With  is the largest eigenvalue of . 

If there is only one desired signal and all the other signals are noise, the condition for  can 

be approximated to: 

 
 

LMS implementation issues: 

The convergence speed, fluctuations in array weights during adaptation, and mis-adjustment 

noise are the measures of the transient and steady-state behavior of the LMS algorithm. The 

theoretical performance of the algorithm and the effect of the look-direction signal and 

gradient step size discussed in the previous section assume the existence of infinite 

precision, that is, the variable is allowed to take any value.  

In reality, when the algorithm is implemented using digital hardware, where a variable can 

take only discrete values, there are other parameters that affect its performance and other 

issues that need consideration, including quantization noise as well as round-off and 

truncation noise caused by finite-precision arithmetic. [8] 
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LMS needs the reference signal to evaluate the MSE, thus the sufficient knowledge of the 

desired signal is essential in order to generate reference signal sequences. In practical 

implementation, acquiring this knowledge could be very expensive for wireless 

communication systems, especially in fast-fading scenarios. 

5.6.2. MBER 

The classical approach to adaptive beamforming is to minimize the mean square error (MSE) 

and obtain the optimum weight. However for a communication system, it is the achievable 

Bit Error Rate (BER) rather than MSE that really matters. Minimum BER algorithm has 

developed.  The array weights in minimum BER are derived basing on the idea of directly 

minimizing the system’s Bit Error Rate (BER) rather than the Mean Square Error. Several 

adaptive implementations of MBER have been studied in the literature [Chen]. Typically, 

MBER is realized by gradient based adaptive algorithm. Specifically, the block-data-based 

adaptive algorithm which is used a block of K training sample to estimate the values of pdf, 

and BER. That algorithm of approximating the pdf of the BER is also known as Parzen 

window estimate or kernel density. Another algorithm being used to implement MBER is 

stochastic gradient based adaptive algorithm which is also referred to as the Least BER 

(LBER). Stochastic gradient based algorithm is a sample by sample approach. 

MBER algorithm is defined as: 

 

The following simplified conjugate gradient algorithm suggested in papers [10] provides an 

efficient means of finding a MBER solution. 

Initialization: Choose a step size of µ>0 and a determination scalar of β>0 (typically, β can be 

set to the machine accuracy); given w (1) and d(1) = - , set the iteration index 

iter = 1. 

Loop: Define | | =  

If | | : go to Stop. Else 
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For iter = iter +1, go to Loop 

Stop:  w(iter) is the solution 

The step size µ controls the rate of convergence. Rate of convergence is a very important 

factor in adaptive beamforming as the system must be able to keep track of the changes of 

the desired signal. 

In the kernel density estimate, if an appropriate kernel width  is used, the computational 

complexity of the algorithm can be considerably reduced. Formally, this leads to the kernel 

density estimate: 

 

The estimated BER is given as: 

 

With  

 

This approximation is valid provided that the width  is chosen approximately. The 

gradient of BER has a much simpler form: 

 

In order to derive a sample by sample adaptive algorithm, an instantaneous or single sample 

estimate of pdf is adopted: 
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And the corresponding instantaneous stochastic gradient is given as followed: 

 

The instantaneous weight is derived from the following formula: 

 

 

Stochastic gradient based adaptive algorithm is investigated in this report . The step size µ  

and the kernel width  are two important parameters of the algorithm which need to be 

set appropriately to ensure a fast convergence rate and small steady state BER mis-

adjustment. 

5.7. SIMULATION AND RESULTS 

This part of the report presents the simulation of three DOA estimation methods and two 

adaptive beamforming algorithms. 

The first step of the processing at the signal processing network is to estimate the angles of 

arrival at the receive antenna array. This information is then fed to the antenna array and 

the beamformer in the next stage of the simulation to determine the optimum array weights 

and form the beam patterns toward the desired signals or to suppress interferers. 

5.7.1. AOA estimation 

5.7.1.1. MVDR or Capon’s method 

5.7.1.1.1. Simulation settings 

Capon AOA estimation method is used to estimate the angles of arrival of one desired signal 

( ) and one interfering signal ( ). An antenna array of L = 8 elements with element 

spacing d =  is used. Two signals are assumed uncorrelated and have equal amplitudes of 1.  

Signal to noise ration: SNR = 10 dB [noise variance ] 

Two scenarios are simulated. The first simulation simulates the desired signal and interfering 

signal locating apart from each other, the pair of arrival angles [ ] is given by . In 
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the second simulation, the pair of arrival angles [ ] is given by -  and , the desired 

signal locates very close to the interference. 

 

5.7.1.1.2. Simulation results 

Angles of arrival: 

 

 

Figure 34: Simulation result - Capon spectrum for  
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Figure 35: Simulation result - Capon spectrum for  in polar coordinates 

Angles of arrival: 

 

 

Figure 36: Simulation result - Capon spectrum for 
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Figure 37: Simulation result - Capon spectrum for   in polar coordinates 

 

The peaks in the spectrum of two scenarios in Figure 30 and 32 determine the transmitting 

user location. When receiving two signals coming from two far angles (figure 30, simulation 

1 ), Capon method produces an acceptable resolution on the spectrum graph, two 

signals’ locations are differentiated. However, when the signal sources are highly correlated 

and the angles of arrival are close to each other (figure 32, simulation 2: 

 ), only one peak is observed, therefore Capon is not able to 

distinguish two signal sources. 

 

5.7.1.2. MUSIC 

5.7.1.2.1. Simulation settings: 

This part of the simulation uses MUSIC method to estimate the angles of arrival of one 

desired signal ( ) and one interfering signal ( ). The simulation settings using for MUSIC 

method are the same as for the Capon’s. An antenna array of L = 8 elements with element 

spacing d =  is used. Two signals are assumed uncorrelated and have equal amplitudes of 1. 

Signal to noise ration: SNR = 10 dB [noise variance ] 

Approximate the correlation matrices by using time averaging over K = 100 samples. 

Two scenarios are simulated. The first simulation simulates the desired signal and interfering 

signal locating apart from each other, the pair of arrival angles [ ] is given by . In 
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the second simulation, the pair of arrival angles [ ] is given by -  and , the desired 

signal locates very close to the interference. 

5.7.1.2.2. Simulation results: 

Angles of arrival: 

 

 

Figure 38: Simulation result – MUSIC spectrum for 

 

Angles of arrival: 
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Figure 39: Simulation result – MUSIC spectrum for 

 

Under the same conditions of array length and noise, MUSIC produces a better resolution in 

spectrum graph compared to that in Capon’s method. The peaks of the spectrum in MUSIC 

simulation are sharper (figure 34 and 35). More importantly, MUSIC is able to detect the 

signal locations when they are close to each other. In figure 35, the angles of arrival of two 

signals arriving at angle - and  can be clearly differentiated. 

As a result, MUSIC method provides a better performance than Capon’s method.  

5.7.1.3. ESPRIT 

5.7.1.3.1. Simulation settings: 

ESPRIT AOA estimation method is used to predict the angles of arrival for an L = 4 element 

array where noise variance  [SNR = 10 dB]. Approximate the correlation matrices 

by using time averaging over K = 300 samples. Two pairs of arrival angles are simulated for 

desired signal and interfering signal. [ ] =  and [ ] = [  ] 

 

5.7.1.3.2. Simulation results: 

Simulation 1: Angles of arrival: 
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Simulation result using ESPRIT method:  

Angles = 

     -5.2425 ( ) 

      4.7654 ( ) 

Simulation 2: Angles of arrival: 

 

Simulation result using ESPRIT method:  

Angles = 

     -3.2425 ( ) 

      2.7654 ( ) 

 

ESPRIT simulation gives explicit numerical values of angles, thus different angles of arrival 

are clearly differentiated. However, the accuracy of the AOA estimation is not high. 

5.7.2. ADAPTIVE BEAMFORMING 

5.7.2.1. Least Mean Square (LMS) beamforming 

5.7.2.1.1. LMS – single path, three users 

Simulation settings: 

An L = 8 element array with uniform spacing d = 0.5λ. The desired signal arrives to the array 

at the angle 15 degree , two interferences arrives at angle -30 degree and 60 degree. 

The transmitted signal is defined by  with T = 1 ms and t = (1:200)T/200. 

The interferences is defined by: 

i1 = rand(1,200) 

i2 = rand(1,200) .  

Let the reference signal d = s. 

Use LMS algorithm to solve for the optimum array weights. Assume initial weights are all 

zero. Allow for 200 iterations. Step size µ = 0.02. 

Result graphs:  
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Figure 40: Simulation result – LMS  - Array weights versus iteration 

 
Figure 41: Simulation result – LMS  - Acquisition and Tracking of desired signal 
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Figure 42: Simulation result – LMS  - Mean Square Error vs. Iteration number 

The simulation shows that the Least Mean Square algorithm converges after 110 

iterations. 

 
Figure 43: Simulation result – Normalized AF for ULA with desired user at 15deg and two interferers at -30 & 

60 deg 



78 

Master thesis 

Performance analysis of Adaptive array system  

and Space time coding in Mobile WiMAX 

 

 

 
Figure 44: Simulation result – Normalized AF for ULA with desired user at 15deg and two interferers at -30 & 

60 deg plot in polar coordinates 

Comment: A maxima is formed to the direction of the desired user at angle 15 degree. 

Two nulls can be observed at the angles of two interfering signals (-30 and 60 degree) 

 

5.7.2.2. LMS multipath (file LMS_multipath_3users.m) 

Simulation setting: 

An L = 8 element array with uniform spacing d = 0.5λ. The desired signal arrives to the array 

at the angle , an interference arrives at angle . 

The transmitted signal is defined by  with T = 1 ms and t = (1:200)T/200. 

 The interferences is defined by 

i1 = rand(1,200) 

i2 = rand(1,200) .  

Let the reference signal d = s. 
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Assume that the initial array weights are all zero. Allow for 200 iterations. The optimum 

array weights are solved by using LMS. 

Given Signal to noise ratio: SNR = 20 dB 

 

The desired signal s and the interfering signals i1 and i2 are passed through a Rayleigh fading 

channel which has the following profile: 

chan = 

ChannelType:   'Rayleigh' 

InputSamplePeriod:  1.0000e-005 

DopplerSpectrum:  [1x1 doppler.jakes] 

MaxDopplerShift:  21.2963 

PathDelays:   [0 1.4000e-005 2.0000e-005] 

AvgPathGaindB: [0 -10 -14] 

NormalizePathGains:  1 

StoreHistory:   0 

PathGains:   [0.5903 + 0.3148i -0.0656 + 0.1378i -0.0255 + 0.0454i] 

ChannelFilterDelay:  4 

ResetBeforeFiltering:  1 

NumSamplesProcessed:  0 

 

The users are moving at the speed of 10 km/h. 

Results: 
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Figure 45: Simulation result – LMS multipath - Magnitude of Weight vector for each element vs. iteration no. 

 
Figure 46: Simulation result – LMS multipath – Acquisition and Tracking of desired signal 
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Figure 47: Simulation result – LMS multipath – Magnitude of MSE vs. iteration no. 

 
Figure 48: Simulation result – LMS multipath –Beam pattern vs. AOA 
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Figure 49: Simulation result – LMS multipath –Beam pattern in polar coordinates 

Conclusion: 

The simulation results show that by LMS algorithm in non dispersive channel gives 

acceptable result. The mean square error goes to 0 after 50 iterations. The signal 

convergence is achieved after 100 iterations. 

However, performance of LMS declines sharply when the signals go through a Rayleigh 

fading channel and when the Doppler effect is counted. 

That convergence speed is slow. This can be considered as one of the drawbacks of the 

LMS adaptive scheme since if the signal characteristics change rapidly, LMS may not be 

able to track the desired signal in the satisfactory manner. 

To achieve a faster convergence, MBER is developed with minimizing bit error rate as a 

criterion. 

 

5.7.2.3. Minimum Bit Error Rate (MBER) Beamforming 

5.7.2.3.1. Simulation settings: 

Scenario: Single path channel, BPSK transmitted signals. 

The system used in our simulation consists of five BPSK modulated transmit signals and a 

two element array, element spacing λ/2. Given AOA, SNR = -5:5:20, SIR, µ = 0.5,  derived 

from σ which in turn is derived from SNR and desired signal’s amplitude, number of symbols 

of transmit signal Ns = 150, block length K = 100. A single path, non dispersion channel is 

assumed (no ISI). 
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5.7.2.3.2. MBER simulation result: 

 
Figure 50: Simulation result –MBER –BER vs. SNR 

Expected shape of the BER curve illustrated in [10]: 

 

Figure 51 

The simulation result  is not precise as compared to the expected behavior of the Bit error 

rate. BER is supposed to decrease sharply as Signal to Noise (SNR) ratio increases. Further 

improvement needs to be implemented on the existing code.  
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6. 802.16e PHY SIMULATION 

6.1. Scenario 

The simulation models the Physical layer implementation of IEEE 802.16e standard. To 

reduce complexity and without loss of generality, some aspects of the standard were 

omitted and certain parameters assumed fixed values. The simulation codes were written in 

MATLAB, and the modules that have been implemented are shown in figure 47. 

 

 

1 - Generate uniformly distribute binary data 

2 - Modulate the binary data using Gray-encoded 16-QAM modulation with normalized power 

3 - 

� Reshape modulated data into a matrix with dimensions given by  

o Nc – number of data symbols/OFDM symbol, and 

o NSym – number of OFDM symbols/ OFDM frame 

� Generate a vector of pilot symbols using Linear Feedback Shift Register with 

dimension equal to [ Np = 2*Nc/12 ]. 

� Modulate the Pilot vector using BPSK constellation and double the power 

� Insert Pilots into appropriate slots Time/Frequency slot in the data matrix 

� Generate Short and Long preamble symbols, and concatenate with OFDM frame 

4 - Perform IFFT modulation to transform the burst from Frequency domain  to Time domain 

5 - 
Add cyclic prefix by concatenating the frame with a subframe taken from the tail of the 

frame 

6 - Reshape the frame to a vector to be processes by the channel 

7 - � Generate a Raleigh fading channel coefficients based on Stanford University 

QAM 

Modulator 

1 
Preamble 

Cyclic Prefix IFFT Reshape Tx Data 
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Process Flow for WiMAX PHY Simulation 
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Interim (SUI) models 

� Filter the signal using channel object. 

� Add AWGN with SNR in increasing steps 

8 - Reshape the received (Perfect synchronization is assumed) 

9 - Remove cyclic prefix and Preamble (Synchronization using preamble not implement)  

10 - Perform FFT to transform the received Time domain signal to a Frequency domain signal 

11 - Separate pilot symbols from data symbols 

12 - 

� Compute using the derived pilot symbols and the original pilot sequence the 

Channel transfer function (H) using Least Square Estimation 

� Interpolate the channel estimate for the subcarriers in-between the pilots 

13 - Equalize the received data symbols using the transfer function derived from the pilots 

14 - Demodulate the received signal to extract the binary information 

15 - Compute the Bit Error rate for the Frame. 

7.1. Simulation Parameters for 802.16e PHY Layer 

The simulation was carried using the following basic parameters 

Parameter Value 

Bandwidth (Hz) 5000000 

Upsampling factor 28/25 

FFT Size 512 

Subcarrier Spacing 10937.5 

Subcarriers 384 

Code-rate 1 

M-ary No 16QAM 

Data Symbols ↓ 44 

Data Symbols ↑ 0 

Training Symbols 4 

Permutation PUSC 

Block Size 1536 

Cyclic Prefix ratio 39090 

Burst Size ↓ (bits) 73728 

Burst Size ↑ (bits) 0 

Symbols/Frame 48 

Frame Period 0.0043886 

Symbol Period 9.143E-05 

Guard Time 1.143E-05 

Total Symbol Period 0.0001029 

Bit Period 5.952E-08 

Bandwidth (bps) 16800000 

Antenna SISO 

STC (2x1) 
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7.2. 802.16e PHY Layer Constraints and Assumptions 

In order to reduce computational complexity some assumptions were made. It was also 

necessary to model the system as close to what is obtainable in real-time thus industry 

accepted values channel models were used. Below is a summary of some of these 

assumptions and constraints. 

1. Adaptive Modulation and Coding - None 

2. Synchronization between MS and BS - Assume perfect synchronization 

3. Performance evaluation - Bit Error Rate measurements 

4. Fading Channel -Stanford University Interim (SUI) 

models 

5. Path Loss Model  - None (AWGN assumed) 

7.3. Results 

Various aspects of features of WiMAX transmission was investigated, the result presented in 

this section show a comparison between using training sequence and pilot symbols for 

symbol equalization 

The simulation compares the performance of using Pilot symbols and Training for channel 

equalization based on Least Square estimates method. The results show the progressive 

performance of Training-based and Pilot-based channel estimation. 
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Figure 52: BER vs. SNR in Rayleigh fading channel (AWGN Channel) 
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Figure 53: BER vs. SNR in Rayleigh fading channel (SUI-4, v = 10 km/h) using absolute gain 

 

0 5 10 15 20 25
10

-5

10
-4

10
-3

10
-2

10
-1

10
0

SNR

B
E
R

Raleigh Fading (SUI-4, v = 10km/h)

 

 

Pilot Symbols

Training Sequence

 

Figure 54: BER vs. SNR in Rayleigh fading channel (SUI-4, v = 10 km/h) 
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Figure 55: BER vs. SNR in Rayleigh fading channel  (SUI-4, v = 30 km/h) 
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Figure 56: BER vs. SNR in Rayleigh fading channel (SUI-6, v = 60 km/h) 
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Simulating at various speed for the mobile user SUI-4 as the fading environment, the results 

shows that training-based channel estimation perform well only in a time-invariant channel. 

As the receiver becomes mobile, training-based channel estimation fail.  

For pilot-based channel estimation, the absolute gain of the estimated transfer function is 

sufficient for equalizing the received symbols at low speed, but as the channel become time-

variant, the complex-valued channel transfer function is required to compensate for the 

Carrier Frequency Offset which lead to Inter-Carrier Interference.  
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Figure 57: Power Spectrum Density of an OFDM Symbol 
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Figure 58: Peak to Average Power in OFDM 

 

Conclusion 

As shown in the results, training sequence-based channel estimates are suitable only for Fixed or 

Nomadic WiMAX receivers; as the velocity of the MS increases, the estimates need to be updated or 

recalculated. Pilot-based channel estimate calculated on-the-fly are more accurate i.e. yield lower 

BER compared to training sequence-based channel estimates. 

Another observation made concerns the robustness of OFDM to long delay spread. When the cyclic 

prefix is properly adjusted to cover the longest significant multipath component, the BER is 

approximately equal to that of a channel with shorter delay spread. 
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Appendix A: BRIEF HISTORY OF WIRELESS COMMUNICATION 

• 1867 - Maxwell predicts existence of electromagnetic (EM) waves  

• 1887 - Hertz proves existence of EM waves; first spark transmitter generates a spark 

in a receiver several meters away  

• 1890 - Branly develops coherer for detecting radio waves  

• 1896 - Guglielmo Marconi demonstrates wireless telegraph to English telegraph 

office  

``The Birth of Radio'' 

• 1897 - ``The Birth of Radio'' - Marconi awarded patent for wireless telegraph  

• 1897 - First ``Marconi station'' established on Needles island to communicate with 

English coast  

• 1898 - Marconi awarded English patent no. 7777 for tuned communication  

• 1898 - Wireless telegraphic connection between England and France established  

Transoceanic Communication 

• 1901 - Marconi successfully transmits radio signal across Atlantic Ocean from  

Cornwall to Newfoundland  

• 1902 - First bidirectional communication across Atlantic  

• 1909 - Marconi awarded Nobel prize for physics  

Voice over Radio 

• 1914 - First voice over radio transmission  

• 1920s - Mobile receivers installed in police cars in Detroit  

• 1930s - Mobile transmitters developed; radio equipment occupied most of police car 

trunk  

• 1935 - Frequency modulation (FM) demonstrated by Armstrong  

• 1940s - Majority of police systems converted to FM  

Birth of Mobile Telephony 

• 1946 - First interconnection of mobile users to public switched telephone  

network (PSTN)  

• 1949 - FCC recognizes mobile radio as new class of service  

• 1940s - Number of mobile users > 50K  

• 1950s - Number of mobile users > 500K  

• 1960s - Number of mobile users > 1.4M  

• 1960s - Improved Mobile Telephone Service (IMTS) introduced; supports full-duplex, 

auto dial, auto trunking  

• 1976 - Bell Mobile Phone has 543 pay customers using 12 channels in the New York 

City area; waiting list is 3700 people; service is poor due to blocking  

Cellular Mobile Telephony 

• 1979 - NTT/Japan deploys first cellular communication system  

• 1983 - Advanced Mobile Phone System (AMPS) deployed in US in 900 MHz band: 

supports 666 duplex channels  

• 1989 - Groupe Spècial Mobile defines European digital cellular standard, GSM  

• 1991 - US Digital Cellular phone system introduced  
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• 1993 - IS-95 code-division multiple-access (CDMA) spread- spectrum digital cellular 

system deployed in US  

• 1994 - GSM system deployed in US, relabeled ``Global System for  

Mobile Communications''  

PCS and Beyond 

• 1995 - FCC auctions off frequencies in Personal Communications System (PCS) band 

at 1.8 GHz for mobile telephony  

• 1997 - Number of cellular telephone users in U.S. > 50M  

• 2000 - Third generation cellular system standards? Bluetooth standards? 

 

 

Technology Standard Usage Throughput Range Frequency 

UWB 802.15.3a WPAN 110-480 Mbps Up to 30 

feet 

7.5 GHz 

Wi-Fi* 802.11a WLAN Up to 54 Mbps Up to 300 

feet 

5 GHz 

Wi-Fi 802.11b WLAN Up to 11 Mbps Up to 300 

feet 

2.4 GHz 

Wi-Fi 802.11g WLAN Up to 54 Mbps Up to 300 

feet 

2.4 GHz 

WiMAX 802.16d WMAN Up to 75 Mbps (20 MHz BW) Typical 4-6 

miles 

Sub 11 GHz 

WiMAX 802.16e Mobile 

WMAN 

Up to 30 Mbps (10 MHz BW) Typical 1-3 

miles 

2-6 GHz 

WCDMA/UMTS 3G WWAN Up to 2 Mbps (Up to 10 Mbps 

with HSDPA technology) 

Typical 1-5 

miles 

1800, 1900, 

2100 MHz 

CDMA2000 

1 x EV-DO 

3G WWAN Up to 2.4 Mbps (typical 300-

600 Kbps) 

Typical 1-5 

miles 

400, 800, 900, 

1700, 1800, 

1900, 2100 MHz 

Edge 2.5G WWAN Up to 348 Kbps Typical 1-5 

miles 

1900 MHz 
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Appendix B: WIMAX AROUND THE GLOBE 

The mobile WiMAX market has experienced stronger than expected growth due to advances 

in Korea, as well as increased traction in Japan and the emergence of developments in 

countries in Africa and The Middle East. WTRS projects that the overall attach rate of smart 

antenna technology in mobile WiMAX will reach more than 60% by 2008. By 2010, WTRS 

forecasts that approximately 3% of all mobile subscribers, or 31 million subscribers 

worldwide, will be using mobile WiMAX-based wireless access services. Nearly 4 million of 

these wireless subscribers will reside in Africa. 

Drive wireless Internet equipment and access prices to a competitive price point comparable 

to cable, DSL, and fiber Internet services With a robust telecommunications infrastructure 

already in place in the U.S. Mobile WiMAX services from Sprint and Clearwire will reach 

more than 150 million consumers by year end 2008. 

In Australia, WiMAX technology will establish an affordable and efficient broadband 

network. This wireless broadband technology is perfectly suited for regional and rural areas 

and the purchase and installation process of WiMAX technology is faster, simpler and 

cheaper than other offered solutions. Additionally, the non-line-of-sight (NLoS) capability 

means that WiMAX technology can provide coverage despite the challenges of geography 

and the limited footprint of wireline. 

Taiwan has continued its leadership in the development and deployment of WiMAX 

operability with six commercial WiMAX licenses awarded in July 2007 for six separate 

Taiwanese wireless communication providers. In regions like Taiwan, where users are spread 

out and the wireless traffic is going a long distance, WiMAX technology provides a reliable, 

inexpensive solution for constant wireless broadband connectivity. 

In Africa as a developing continent, WiMAX technology provides the opportunity to connect 

the African people with Internet and VOIP services faster and more affordably than wireline. 
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Appendix C: ACRONYMS 

 

AAS Addaptive Antenna System 

AF Array factor 

AOA Angle of Arrival 

BER Bit Error Rate 

BPSK Binary Phase Shift Keying 

BS Base Station 

BW Bandwidth 

CC  Convolution Coding 

CDMA Code Division Multiple Access 

CP Cyclic Prefix 

CFO  Carrier Frequency Offset 

DCD Downlink Channel Descriptor 

Dl Downlink 

DOA Direction of Arrival 

ESPRIT Estimation of Signal Parameters via Rotational Invariance Techniques 

FDD Frequency Division Multiplexing 

FDMA Frequency Division Multiple Access 

FUSC  Fully Used Subcarriers 

ICI  Inter-Carrier Interference 

ISI  Inter-Symbol interference 

LMS Least Mean Square 

MAC Media Access Control layer 

MBER Minimum Bit Error Rate 

MIMO Multiple Input Multiple Output 

MSE Mean Square Error 

MMSE Minimum Mean Square Error 

MUSIC Multiple Signal Classification 

MVDR Minimum Variance Distortionless Response 

OFDM Orthogonal Frequency Division Multiplexing 

OFDMA Orthogonal Frequency Division Multiple Access 

PHY Physical layer 

PUSC  Partially Used Subcarriers 

QAM Quadrature Amplitude Modulation 

QPSK Quadrature Phase Shift Keying 

QoS Quality of Service 

SM Spatial Multiplexing 

S-OFDMA Scalable Orthogonal Frequency Division Multiple Access 

SS Subscriber Station 
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STBC Space-Time Block Coding 

STC Space Time Coding 

STTC Space-Time Trellis Coding 

TDD Time Division Multiplexing 

TDMA Time Division Multiple Access 

UCD Uplink Channel Descriptor 

UL Up link 

WiFi Wireless Fidelity (IEEE 802.11 standard) 

WiMAX Worldwide Interoperability for Microwave Access (IEEE 802.16 standard) 

  

 


