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ABSTRACT
WiMAX is an eminent technology that provides broadband and IP connectivity on “last mile” scenario. It offers both line of sight and non-line of sight wireless communication. Orthogonal Frequency division multiple access is used by WiMAX. Orthogonal frequency division multiple accesses use adaptive modulation technique such as Quadrature Phase Shift Keying (QPSK), Quadrature amplitude Modulation (QAM). The signal is transmitted through the channel and it is received at the receiver end. Then the receiver removes these additional bits in order to minimize the inter symbol interference, to improve the bit error rate and to reduce the power spectrum. This analysis is useful for performance evaluation of different Modulation technique used in WIMAX. Cyclic prefix is used to reduce the data errors caused by multipath reception. Here we estimate the channel to know the condition for adaptation in data rate. Channel estimation is used because amplitude and phase shift causes error in wireless channel. Then using Adaptive equalizer bit error rate for all modulation techniques are improved. Here we used with and without decision feedback equalizer to change the bit error rate. Least mean square algorithm is used for implementation of equalizer.  LMS algorithm is used with decision feedback and without decision feedback. Here we used adaptive modulation technique analyzing the channel condition by investigating the received data. We just change the modulation technique by analyzing the received bits and accordingly changing the modulation technique as the code bits sent through feedback channel.
Keyword: Orthogonal frequency division multiplexing, Adaptive modulation, cyclic prefix, Adaptive equalizer, Quadrature amplitude modulation, Throughput
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CHAPTER 1: INTRODUCTION

Background
The communication sector is heading toward wireless data transfer with great speed and several competing technologies which are emerging to replace the old one. The traditional WLAN has gained a strong place in the market and is definitely the leader for short distance wireless network. However the coverage and mobility are adequate for very short distance uses only. The mobile WiMAX is planned to be independent or to extent the mobile access when a user exits the WLAN hotspot coverage. WiMAX is the abbreviation of Worldwide Interoperability for Microwave Access and is based on Wireless Metropolitan Area Networking (WMAN). The WMAN standard has been developed by the IEEE 802.16 group which is also adopted by European Telecommunication Standard Institute (ETSI) in High Performance Radio Metropolitan Area Network, i.e., the HiperMAN group. The main purpose of WiMAX is to provide broadband facilities by using wireless communication. WiMAX is also known as “Last Mile” broadband wireless access technology. WiMAX gives an alternate and better solution compared to cable, DSL and Wi-Fi technologies. WiMAX is a next-generation wireless technology designed to enable pervasive, high-speed mobile Internet access to a wide array of business and consumer mobile devices. From a technical perspective, WiMAX is a collection of integrated wireless broadband technologies and products built around the harmonized IEEE 802.16e/ETSI HiperMAN standard. With a range up to 50 kilometers, WiMAX networks are designed to enable wireless metropolitan area networks. Formed in 2001, the WiMAX Forum® is a non-profit organization whose goal is to accelerate the introduction of WiMAX-based systems into the marketplace by promoting conformity and interoperability with the WiMAX standard. The WiMAX Forum offers a means of testing manufacturer’s equipment for compatibility, and also function as an industry group dedicated to fostering the development and commercialization of the technology. WiMAX is in competition with other initiatives to become the new de facto standard for broadband wireless data services. It is critical that all aspects of the WiMAX design specifications operate in a highly secure and scalable fashion in order to gain rapid market acceptance and credibility over competing broadband services deployed today like Wi-Fi and the GSM Long Term Evolution (LTE) roadmap. Time-to-market with a viable, trusted, and robust solution is a key enabler of broad adoption of a new standard [1].

Objective

· To evaluate the performance of Physical layer of IEEE 802.16 system on the basis of bit error rate throughput and signal to noise ratio.

· To compare the individual modulation technique with adaptive modulation technique
· To analyze the performance of IEEE 802.16 with adaptive equalizer.
· To know the impact of different parameters such as variations of modulations technique, FFT size, channel models on the system performance.
· To reduce the Inters symbol interference and to maximize the efficiency by improving bit error rate and throughput.
Scope

WiMAX system is going to be one of the better solutions for wireless data communication as well as voice communication because of its very high distance coverage. Non line of sight coverage is one of its major benefits with some limitations. To make it interference free we may use different techniques. The scope of the work presented in this thesis primarily centers on implementing adaptive modulation with channel estimation and reducing inter symbol interference. Here throughput and time for a specific value of signal has been calculated. This work gives an idea of system regarding performance by changing different parameters like modulations technique, cyclic prefix, channel models, coding rates etc. This thesis work presents the improving of performance while changing different equalizer. 

Organization of Thesis 

The related background theory, objective, scope is included in this first chapter. Different paper suggesting different concepts of previous work, brief introduction of WiMAX system, its physical layer, OFDM and OFDMA are included in chapter two. In chapter three, introduction to OFDM symbol parameter, Physical layer setup, Channel estimation and equalization, channel model etc are described in some details. In chapter four, implementation of the system block diagram used in this thesis work and result for our equalized output using different equalizer algorithm are presented Here different modulation techniques as well as adaptive modulation technique are described using simulation result. Here the result of Throughput and time with signal to noise ratio for ideal adaptive modulation and practical adaptive modulation technique are discussed in detail. Here, two different channel model, Rayleigh and Rician channel are used as our channel for modulation including noise. All the simulation results are included and each result is interpreted and explained for conclusion in this chapter. Finally the discussion and conclusion are included in chapter five and future works of the thesis are organized in chapter six. 

CHAPTER2: LITERATURE REVIEW

During the detail study for WiMAX System, the paper of Garhwal and  Bhattacharya, [2]  focuses on increasing performance using adaptive equalizer using non feedback type adaptive equalization technique. It suggests that bit error rate can be improved in WiMAX using adaptive equalizer like RLS 

In the Paper of Mohamed, Zaki and Mosebh, [3] explain the concept of physical layer and its implementation in field programmable gate array system (FPGA).It explain about the adaptive modulation technique and its implementation in  QPSK, 16QAM, 64 QAM etc. It explains about the cyclic Prefix, orthogonal frequency division multiplexing system and its accessing technique. It gives in detail about system used in physical layer and factors regarding it.

In the Paper of Malik and Sappal [4] different types of equalization technique are discussed which is used as a concept for Decision feedback equalization and Least Mean square equalization 

In the thesis work of Lekhnath Subedi [5] focus on analyzing performance of WiMAX system in physical layer and spectral efficiency. It suggests the physical layer model can be improved using channel estimator. As channel estimator can be implemented to obtain a depiction of the channel state to combat the effect of the channel using an equalizer. It also suggests using Rician, Nakagami channel model. That’s why this thesis work mainly focuses on performance improvement using channel estimation and implementing adaptive equalizers.
2.1WiMAX Overview

The IEEE 802.16 group was formed in 1998 to develop an air-interface standard for wireless broadband. The group’s initial focus was the development of a LOS-based point-to-multipoint wireless broadband system for operation in the 10GHz–66GHz millimeter wave band. The resulting standard-the original 802.16 standard, completed in December 2001-was based on a single-carrier physical (PHY) layer with a burst time division multiplexed (TDM) MAC layer. The IEEE 802.16 group subsequently produced 802.16a, an amendment to the standard, to include NLOS applications in the 2GHz–11GHz band, using an orthogonal frequency division multiplexing (OFDM)-based physical layer. Additions to the MAC layer, such as support for orthogonal frequency division multiple access (OFDMA), were also included. Further revisions resulted in a new standard in 2004, called IEEE 802.16-2004, which replaced all prior versions and formed the basis for the first WiMAX solution. These early WiMAX solutions based on IEEE 802.16-2004 targeted fixed applications, and we will refer to these as fixed WiMAX. In December 2005, the IEEE group completed and approved IFEEE 802.16e-2005, an amendment to the IEEE 802.16-2004 standard that added mobility support. 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 [6].

2.2 Features of WiMAX

WiMAX is a wireless broadband solution that offers a rich set of features with a lot of flexibility in terms of deployment options and potential service offerings. Some of the more salient features that deserve highlighting are as follows:

· OFDM-based physical layer

· Very high peak data rates

· Scalable bandwidth and data rate support

· Adaptive modulation and coding

· Link-layer retransmissions
· Orthogonal frequency division multiple access (OFDMA)

· Support for TDD and FDD

· Flexible and dynamic per user resource allocation

· Support for advanced antenna techniques

· Quality-of-service support

· Robust security

· support for mobility
· IP-based architecture

2.3 IEEE 802.16 Physical layer

The IEEE 802.16 standard supports multiple physical specifications due to its modular nature. The first version of the standard only support single carrier modulation. Since that time, OFDM and scalable OFDMA have been included to operate in NLOS environment and to provide mobility. The standard has also been extended for use in below 11 GHz frequency bands along with initially supported 10-66 GHz bands.

2.3.1IEEE 802.16 PHY interface variants

WiMAX supports five types of physical interfaces due to the use of various types of modulation techniques. In this section, we will first define each type of PHY layer interface and then will give a detailed description of the OFDM techniques used at the PHY layer. 

Wireless MAN-SC: The Wireless MAN-SC PHY uses single carrier modulation technique for LOS transmission within 10-66 GHz frequency band. 

Wireless MAN-SCa: The Wireless MAN-SCa PHY uses single carrier modulation techniques for the NLOS transmission in the frequency band of 2-11 GHz. 

Wireless MAN-OFDM: It is based on OFDM and is providing the NLOS transmission in the frequency band of 2-11 GHz. 

Wireless MAN-OFDMA: The Wireless MAN-OFDMA PHY uses the licensed frequency band of 2-11 GHz and supports the NLOS operation by using the 2048 subcarrier OFDM scheme. 

Wireless HUMAN: It is based on license free frequency band below 11 GHz. It can use any of the air interfaces that use the 2-11 GHz frequency band. It uses TDD as duplexing technique [8].

	PHY Interface
	Duplexing
	Modulation
	Frequency Bands
	Propagation Modes

	Wireless MAN-SC
	FDD and TDD
	Single carrier
	10-66 GHz
	LOS

	Wireless MAN-Sca
	FDD and TDD
	Single carrier
	2-11 GHz
	NLOS

	Wireless MAN-OFDM
	FDD and TDD
	OFDM
	2-11 GHz
	NLOS

	Wireless MAN-OFDMA
	FDD and TDD
	2048 subcarrier,

OFDM scheme
	2-11 GHz
	NLOS

	Wireless HUMAN
	TDD
	
	License free below 11 GHz
	NLOS


Table 2.1 Physical layer interface of IEEE 802.16[8]

2.3.2 Wireless MAN OFDM PHY Layer

This version of the 256point OFDM based air interface specification seems to be favored by the WiMAX forum for reasons such as lower peak to average ratio, faster fast Fourier transform (FFT) calculation, and less stringent requirements for frequency synchronization compared to 2048 point Wireless MAN OFDMA. The size of the FFT point determines the number of subcarriers. Of these 256 subcarriers, 192 are used for user data, 56 are nulled for guard band and 8 are used as pilot subcarriers for various estimation purposes. The PHY allows accepting variable CP length of 8, 16, 32 or 64 depending on the expected channel delay spread. In the following sub sections, i will discuss about the other mechanism of the PHY layer.

· Flexible Channel Bandwidth:

The channel bandwidth can be an integer multiple of 1.25 MHz, 1.5 MHz, 1.75 MHz, 2MHz and 2.75 MHz with a maximum of 20 MHz But the WiMAX forum has initially narrow down the large choice of possible bandwidth to a few possibilities to ensure interoperability between different vendor’s products.

· Robust Error Control Mechanism

Forward Error Correction (FEC) is done on two phases through the outer Reed Solomon (RS) code and inner Convolution code (CC). The RS coder corrects burst error at the byte level. It is particularly useful for OFDM links in the presence of multipath propagation. The CC corrects independent bit errors. The puncturing functionality in CC made the concatenated codes rate compatible as per specification. The support of Turbo coding is left as an optional feature to increase the coverage and/or capacity with the expense of increased decoding latency and complexity.

· Adaptive Modulation and Coding

The specified modulation scheme in the downlink (DL) and uplink (UL) are binary phase shift keying (BPSK), quaternary PSK (QPSK), 16 Quadrature Amplitude Modulation (QAM) and 64QAM to modulate bits to the complex constellation points. The FEC options are paired with the modulation schemes to form burst profiles. The PHY specifies seven combinations of modulation and coding rate, which can be allocated selectively to each subscriber, in both UL and DL [12]. There are tradeoffs between data rate and robustness, depending on the propagation conditions. 

	Modulation
	Uncoded Block Size 

(bytes)
	Coded Block Size

(bytes)
	Overall coding rate
	RS Code
	CC Code rate

	BPSK
	12
	24
	1/2
	(12,12,0)
	1/2

	QPSK
	24
	48
	1/2
	(32,24,4)
	2/3

	QPSK
	36
	48
	3/4
	(40,36,2)
	5/6

	16-QAM
	48
	96
	1/2
	(64,48,8)
	2/3

	16-QAM
	72
	96
	3/4
	(80,72,4)
	5/6

	64-QAM
	96
	144
	2/3
	(108,96,6)
	3/4

	64-QAM
	108
	144
	3/4
	(120,108,6)
	5/6


Table2.2 Mandatory channel coding per modulation

· Adaptive Antenna System
The PHY optionally supports and provides a signaling structure that enables the use of

Adaptive antenna system (AAS). The features enable the transmission of DL and UL burst using directed beams, each intended for one or more SSs. In addition, the feature allows SS to deliver channel quality feedback to the BS.

· Transmit Diversity

Space time block codes (STBC) can be implemented in the DL to provide transmit diversity. The feature is optional to implement. In, Alamouti STBC has been proposed as a good candidate to implement this feature providing diversity in time and space.[9]

2.4 Orthogonal frequency division multiplexing

The idea of OFDM comes from Multi Carrier Modulation (MCM) transmission technique. The principle of MCM describes the division of input bit stream into several parallel bit streams and then they are used to modulate several sub carriers. Each subcarrier is separated by a guard band to ensure that they do not overlap with each other. In the receiver side, band pass filters are used to separate the spectrum of individual subcarriers. OFDM is a special form of spectrally efficient MCM technique, which employs densely spaced orthogonal subcarriers and overlapping spectrums. The uses of band pass filters are not required in OFDM because of the orthogonality nature of the subcarriers. Hence, the available bandwidth is used very efficiently without causing the Inter Carrier Interference (ICI). In Figure 3.1, the effect of this is seen as the required bandwidth is greatly reduced by removing guard band and allowing subcarrier to overlap. It is still possible to recover the individual subcarrier despite their overlapping spectrum provided that the orthogonality is maintained. The Orthogonality is achieved by performing Fast Fourier Transform on the input stream. Because of the combination of multiple low data rate depending on the channel coherence time, this reduces or completely eliminates the risk of Inter Symbol Interference, which is a common phenomenon in multipath channel environment with short symbol duration. The use of Cyclic Prefix (CP) in OFDM symbol can reduce the effect of ISI even more, but it also introduces a loss in SNR and data rate [11].

2.4.1 Single carrier modulation and multi-carrier modulation
Single-carrier FDMA (SC-FDMA) is a frequency-division multiple access scheme. Like other multiple access schemes (TDMA, FDMA, CDMA, OFDMA), it deals with the assignment of multiple users to a shared communication resource. SC-FDMA can be interpreted as a linearly pre-coded OFDMA scheme, in the sense that it has an additional DFT processing preceding the conventional OFDMA processing.  Just like in OFDM, guard intervals with cyclic repetition are introduced between blocks of symbols in view to efficiently eliminate time spreading caused by multi-path propagation among the blocks. In SC-FDMA, multiple access among users is made possible by assigning different users, different sets of non-overlapping Fourier coefficients (sub-carriers). This is achieved at the transmitter by inserting (prior to IFFT) silent Fourier-coefficients (at positions assigned to other users), and removing them on the receiver side after the FFT.

The distinguishing feature of SC-FDMA is that it leads to a single-carrier transmit signal, in contrast to OFDMA which is a multi-carrier transmission scheme. Owing to its inherent single carrier structure, a prominent advantage of SC-FDMA over OFDM and OFDMA is that its transmit signal has a lower peak-to-average power ratio (PAPR); resulting in relaxed design parameters in the transmit path of a subscriber unit. Intuitively, the reasoning lies in the fact that while in OFDM the transmit symbols directly modulate the multiple sub-carriers, in SC-FDMA the transmit symbols are first preprocessed by a DFT block [9]. 

The concept of multicarrier modulation is quite simple and follows naturally from the competing desires for high data rates and ISI-free channels. In order to have a channel that does not have ISI, the symbol time has Ts to be larger-often significantly larger-than the channel delay spread. Digital communication systems simply cannot function if ISI is presents; an error floor quickly develops, and as Ts approaches or falls below, the bit error rate becomes intolerable. As noted previously, for wideband channels that provide the high data rates needed by today’s applications, the desired symbol time is usually much smaller than the delay spread, so inter symbol interference is severe. In order to overcome this problem, multicarrier modulation divides the high-rate transmit bit stream into L lower-rate sub-streams, each of which has [image: image2.png]


 and is hence effectively ISI free. These individual sub-streams can then be sent over L parallel sub-channels, maintaining the total desired data rate. Typically, the sub-channels are orthogonal under ideal propagation conditions, in which case multicarrier modulation is often referred to as orthogonal frequency division multiplexing (OFDM). The data rate on each of the sub-channels is much less than the total data rate, so the corresponding sub-channel bandwidth is much less than the total system bandwidth. The number of sub-streams is chosen to ensure that each sub-channel has a bandwidth less than the coherence bandwidth of the channel, so the sub-channels experience relatively flat fading. Thus, the ISI on each sub-channel is small. Moreover, in the digital implementation of OFDM, the ISI can be completely eliminated through the use of a cyclic prefix [9].

2.4.2Block Transmission with Guard Intervals

By grouping L data symbols into a block known as an OFDM symbol block transmission has been started. An OFDM symbol lasts for duration of T seconds, where. In order to keep each OFDM symbol independent of the others after going through a wireless channel, it is necessary to introduce a guard time between OFDM symbols:
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Figure: 2.1 OFDM guard band intervals
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This way, after receiving a series of OFDM symbols, as long as the guard time is larger than the delay spread of the channel, each OFDM symbol will interfere only with itself.



Delay spread

Figure2.2 Relation between cyclic prefix and delay spread

Put simply, OFDM transmissions allow ISI within an OFDM symbol. But by including a sufficiently large guard band, it is possible to guarantee that there is no interference between subsequent OFDM symbols [7].

2.4.3 Cyclic prefix

OFDM uses cyclic prefix to achieve a channel which is free from ISI. This is accomplished by using circular convolution. Each OFDM symbol is inserted with a cyclic extension of length L that is greater than the delay of the channel. Cyclic prefix combats against ISI in a very simple manner but it degrades the data rate and efficiency of the system. If multipath delay in the channel is less than the prefix then system will not observe any ISI or ICI (Inter carrier Interference). The key to making OFDM realizable in practice is the use of the FFT algorithm, which has low complexity. In order for the IFFT/FFT to create an ISI-free channel, the channel must appear to provide a circular convolution. Adding cyclic prefix to the transmitted signal, as is shown in Figure 2.3, creates a signal that appears to be [image: image4.png]X[n],



, and so on.
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Cyclic Prefix


OFDM Data Symbols

Copy and Paste last V symbols
Figure 2.3: The OFDM Cyclic Prefix

The cyclic prefix, although elegant and simple, is not entirely free. It comes with both a bandwidth and power penalty. Since redundant symbols are sent, the required bandwidth for OFDM increases from B to[image: image8.png](t+7)B



 . Similarly, an additional symbol must be counted against the transmit-power budget. Hence, the cyclic prefix carries a power penalty of 10[image: image10.png]Logio (L +7)B



 dB in addition to the bandwidth penalty. In summary, the use of the cyclic prefix entails data rate and power losses 
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The “wasted” power has increased importance in an interference-limited wireless system, causing interference to neighboring users. One way to reduce the transmit-power penalty is use of Zero prefix, which constitutes a null guard band with some limitations [7].

2.4.4 Sub-channelization 

WiMAX divides the available subcarriers into several groups of subcarriers and allocates to different users based on channel conditions and requirement of users. This process is called sub-channelization. Sub-channeling concentrates the transmit power to different smaller groups of subcarrier to increase the system gain and widen up the coverage area with less penetration losses that cause by buildings and other obstacles. Without sub-channelization, the link budget would be asymmetric and bandwidth management would be poor. Fixed WiMAX based OFDM-PHY permits a little amount of sub-channelization only on the uplink. Among 16 standard sub-channel, transmission can takes place in 1, 2, 4, 8 or all sets of sub-channels in the uplink of the SS. SS controls the transmitted power level up and down depending on allotted sub-channels. When the allotted sub-channels increase for uplink users, the transmitted power level increases and when the power level decreases, it means the allotted sub-channels decreased. The transmitted power level is always kept below the maximum level. In fixed WiMAX, to improve link budget and the performance of the battery of the SS, the uplink sub-channelization permits SS to transmit only a fraction of the bandwidth usually below 1/16 allocated by the BS. Mobile WiMAX's OFDMA-PHY permits sub-channelization in both uplink and downlink channels. The BS allocates the minimum frequency and sub-channels for different users based on multiple access technique. That is why this kind of OFDM is called OFDMA (Orthogonal Frequency Division Multiple Access). For mobile application, frequency diversity is provided by formation of distributed subcarriers. Mobile WiMAX has several distributed carrier based sub-channelization schemes. The mandatory one is called Partial Usage of Sub-Carrier (PUSC). Another sub-channelization scheme based on unbroken subcarrier is called Adaptive Modulation and Coding (AMC) in which multiuser diversity got the highest priority. In this, allocation of sub-channels to users is done based on their frequency response. It is a fact that, contiguous sub-channels are best suited for fixed and low mobility application, but it can give certain level of gain in overall system capacity.

2.4.5 Timing and Frequency Synchronization

In order to demodulate an OFDM signal, the receiver needs to perform two important synchronization tasks. First, the timing offset of the symbol and the optimal timing instants need to be determined. This is referred to as timing synchronization. Second, the receiver must align its carrier frequency as closely as possible with the transmitted carrier frequency. This is referred to as frequency synchronization. Compared to single-carrier systems, the timing-synchronization requirements for OFDM are in fact somewhat relaxed, since the OFDM symbol structure naturally accommodates a reasonable degree of synchronization error. On the other hand, frequency synchronization requirements are significantly more stringent, since the orthogonality of the data symbols is reliant on their being individually discernible in the frequency domain.

In the time domain, the IFFT effectively modulates each data symbol onto a unique carrier frequency. The transmitted signal is the superposition of all the individual carriers. Since the time window is T=1µsec and a rectangular window is used, the frequency response of each subcarrier becomes a “sinc” function with zero crossings every 1/T=1MHz. This can be confirmed using the Fourier transform. The effect of timing errors in symbol synchronization is somewhat relaxed in OFDM owing to the presence of a cyclic prefix. 

In the frequency domain, if the carrier frequency synchronization is perfect, the receiver samples at the peak of each subcarrier, where the desired subcarrier amplitude is maximized, and the inter carrier interference (ICI) are zero. However, if the carrier frequency is misaligned by some amount δ, some of the desired energy is lost, and more significantly, inter carrier interference is introduced.

OFDM achieves a higher degree of bandwidth efficiency than do other wideband systems. The subcarrier packing is extremely tight compared to conventional modulation techniques, which require a guard band on the order of 50 percent or more, in addition to special transmitter architectures, such as the Weaver architecture or single-sideband modulation, that suppress the redundant negative-frequency portion of the pass band signal. The price to be paid for this bandwidth efficiency is that the multicarrier signal is very sensitive to frequency offsets, owing to the fact that the subcarriers overlap rather than having each subcarrier truly spectrally isolated. The form of the subcarriers are called “sinc” forms and this function is defined as 
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It can be confirmed that sinc(0) = 1 and that zero crossings occur at ±1, ±2, ±3,….. Sinc functions occur commonly because they are the frequency response of a rectangular function. Since the sine waves existing in each OFDM symbol are truncated every T seconds, the width of the main lobe of the subcarrier Sinc functions is 2/T, i.e., there are zero crossings every 1/T Hz. Therefore, N subcarriers can be packed into a bandwidth of N/T Hz, with the tails of the subcarriers trailing off on either side in practice; of course, the frequency offset is not always zero. The major causes for this are mismatched oscillators at the transmitter and the receiver and Doppler frequency shifts owing to mobility. Since precise crystal oscillators are expensive, tolerating some degree of frequency offset is essential in a consumer OFDM system such as WiMAX [7].

2.4.6 Pros and cons of OFDM

Pros:

· Simple implementation by FFT

· Low receiver complexity as the transmitter combats the channel effect.

· Suitable for high data rate transmission

· High flexibility in terms of link adaptation

· Low complexity multiple access schemes such as OFDMA

· It is possible to use maximum likelihood detection with reasonable complexity

· High spectral efficiency due to overlapping of spectra

Cons:
· An OFDM system is highly sensitive to timing and frequency offsets. Demodulation of an OFDM signal with an offset in the frequency can lead to a high bit error rate.
· An OFDM system with large number of subcarriers will have a higher PAPR compared to single carrier system. High PAPR of a system makes the implementation of DAC and ADC extremely difficult [7].
2.5 WiMAX Access Method (OFDMA)

Mobile WiMAX access method is based on OFDMA which is also called Multiuser-OFDM, especially designed for 4th generation wireless networks. It is combination of Frequency Division Multiple Access (FDMA), Time Division Multiple Access (TDMA) and Code Division Multiple Access (CDMA) as it does the same thing like these access methods by dividing the available size to handle multiple users. OFDMA can be seen as an alternative combination of, CDMA where each user gets different number of spreading code with different data rates. It resembles to an alternative TDMA as low data rate users can send data with low transmission power with constant and shorter delay. It can also be seen as a combination of time domain and frequency domain multiple access where the resources are divided according to time-frequency spaces and slots along with OFDM subcarrier index. Different number of subcarrier can be allotted to different number of users to maintain the data rate and error probability for each user. In a word, OFDMA is the best access method for multi-user environment.

2.5.1 Pros and Cons of OFDMA 

There are certain pros and cons of OFDMA which made mobile WiMAX to choose OFDMA as its multiplexing schemes. It would be clear by having a look over the  description below. 

Pros 
· Can fights much better against multipath with less computational complexity and more robustness than other techniques.

· OFDMA permits portions of spectrum to be used to transmit data by different users. 

· Divides channels into narrow band flat fading sub-channels. 

· More resistant to frequency selective flat fading. 

·  Easy to filter out noise

· Shorter and constant delay

· Cyclic prefix helps to eliminate Inter Symbol Interference and Inter Frequency Interference

· Channel equalization is simpler than single carrier channel. 

· Computational efficient as it uses FFT and IFFT.

· It degrades its performance gracefully when the system delay reaches its highest limit

· Provides benefit of transmitting low power for low data rate users

· Narrowband interference can be reduced through spectral efficiency

· Accepts simultaneous low data rates from multiple users

· Provides different channel quality to different users depending on the requirement and condition of the channel

· Frequency diversity gives efficient use of spectrum

· Time diversity for grouped carrier.

· Receiver simplicity is provided by eliminating intra-cell interference. 

· In fading environment, BER performance is good.

· Need only a little modification to deploy in different frequency band. 

· Time and frequency synchronization gives orthogonality in the uplink channel. 

· Single frequency network coverage is possible

· Adaptive carrier allocation is possible 
Cons 
· Strong synchronization is required between users and FFT receiver. 

· For synchronization purpose, OFDMA technique uses pilot signals.

· Very much sensitive to phase noise and frequency offset.

· Delay in co-channel interference is more complex in OFDMA than CDMA

· Inefficient power consumption as FFT algorithm and FEC is constantly active. 

· If very few sub-carriers are allotted to each user, the diversity gain of OFDM and frequency Selective fading might be vanished.

· Much complex adaptive sub-carrier channel assignment compared to CDMA's fast power control system.

· Prone to inter channel interference 

· Requires high peak to average ration RF power amplifiers to avoid amplitude noise [12].

CHAPTER3: RESEARCH METHODOLOGY

3.1 OFDM symbol Parameter

There are two types of OFDM parameter, Primitive and derived that characterized OFDM/OFDMA symbol completely .The later one can be derived from the former one because of fixed relation between them. The nominal channel (BW), number of used subscriber ([image: image16.png]


), sampling factor (n), and the ratio of guard time to useful time(G) are taken as primitive OFDM symbol parameter. Sampling frequency (Fs), subscriber spacing (delta f), Useful symbol time (Tb), Cyclic prefix time (Tg), OFDM symbol time (Ts), [image: image18.png]
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 ), and sampling time are taken as Derived parameters. Using Primitive parameter and derived parameter we analyze the performance and enhancing performance using different techniques in terms of bit error rate and signal to noise ratio, throughput with different modulation and coding rate, channel environments, guard separations etc are analyzed [9].

3.2 Physical layer setup


Figure 3.1: Physical layer of WiMAX

3.2.1 Randomizer

The Randomizer performs randomization of input data on each burst on each allocation to avoid long sequence of continuous ones and zeros. This is implemented with a Pseudo Random Binary Sequence (PRBS) generator which uses a 15stage shift register with a generator polynomial of 1+[image: image22.png]
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 with XOR gates in feedback configuration as shown in Fig3.2.
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Figure 3.2 PRBS generator for randomization

3.2.2 Reed-Solomon encoder

The properties of Reed-Solomon codes make them suitable to applications where errors occur in bursts. Reed-Solomon error correction is a coding scheme which works by first constructing a polynomial from the data symbols to be transmitted, and then sending an oversampled version of the polynomial instead of the original symbols themselves. A Reed-Solomon code is specified as RS (n, k, t) with l-bit symbols. This means that the encoder takes k data symbols of l bits each and adds 2t parity symbols to construct an n-symbol codeword. Thus, n, k and t can be defined as: n: number of bytes after encoding, k: number of data bytes before encoding, and t: number of data bytes that can be corrected. The error correction ability of any RS code is determined by (n − k), the measure of redundancy in the block. If the location of the erroneous symbols is not known in advance, then a Reed-Solomon code can correct up to t symbols, where t can be expressed as t = (n − k)/2. As specified in the standard, the Reed- Solomon encoding shall be derived from a systematic RS (n = 255, k = 239, t = 8) code using a Galois field specified as GF (28). The primitive and generator polynomials used for the systematic code are expressed in the following two equations:

Primitive Polynomial:

P(x) =[image: image26.png]
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Generator Polynomial:

g(x) = (x+[image: image32.png]
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3.2.3 Convolution encoder

The outer RS encoded block is fed to inner binary convolution encoder. The implemented encoder has native rate of 1/2, a constraint length of 7.The generator polynomials used to derive its two output code bits, denoted X and Y, are specified in the following expressions: G1 = 171OCT For X, G2 = 133OCT F
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Data in

Figure3.3: Convolution encoder




Y output

3.2.4 Puncturing Process

Puncturing is the process of systematically deleting bits from the output stream of a low-rate encoder in order to reduce the amount of data to be transmitted, thus forming a high-rate code. The process of puncturing is used to create the variable coding rates needed to provide various error protection levels to the users of the system. The different rates that can be used are rate 1/2, rate 2/3, rate 3/4, and rate 5/6. The puncturing vectors for these rates are given in Table below.

	Rate
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	X output
	Y output
	XY(Punctured output)

	1/2
	10
	1
	1
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	2/3
	6
	10
	11
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	3/4
	5
	101
	110
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	5/6
	4
	10101
	11010
	[image: image43.png]X, Y, Y, X5 Y, X






Table3.1: Puncturing configuration of the Convolution code

3.2.5 Interleaver

RSCC encoded data are interleaved by a block interleaver. The size of the block is depended on the numbers of bit encoded per sub channel in one OFDM symbol, Nc bps. In IEEE 802.16, the interleaver is defined by two step permutation. The first ensures that adjacent coded bits are mapped onto nonadjacent subcarriers. The second permutation ensures that adjacent coded bits are mapped alternately onto less or more significant bits of the constellation, thus avoiding long runs of unreliable bits. The Matlab implementation of the interleaver was performed calculating the index value of the bits after first and second permutation 

3.2.6 Modulation scheme

Random values have been passed through the adaptive modulation schemes according to the constellation mapped. The data was modulated depending on their size and on the basis of different modulation schemes like BPSK, QPSK, 16 QAM and 64 QAM. The modulation has done on the basis of incoming bits by dividing among the groups of i. That is why there are 2i points. The total number of bits represented according to constellation mapped of different modulation techniques. The size of i for BPSK, QPSK, 16 QAM and 64 QAM is 1, 2, 4 and 16 respectively.

3.2.7 IFFT

The OFDM symbol threats the source symbols to perform frequency-domain into time domain. If N number of subcarriers has been chosen for the system to evaluate the performance of WiMAX, the basic function of IFFT receives the N number of sinusoidal and N symbols at a time. The output of IFFT is the total N sinusoidal signals and makes a single OFDM symbol. The mathematical model of OFDM symbol defined by IFFT which would be transmitted during the simulation as given  [image: image45.png]
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3.2.8 Cyclic prefix insertion

To maintain the frequency orthogonality and reduce the delay due to multipath propagation, cyclic prefix is added in OFDM signals. To do so, before transmitting the signal, it is added at the beginning of the signal. In wireless transmission the transmitted signals might be distort by the effect of echo signals due to presence of multipath delay. The ISI is totally eliminated by the design when the CP length L is greater than multipath delay. After performing Inverse Fast Fourier Transform (IFFT) the CP will be add with each OFDM symbol.. Four different duration of cyclic prefix are available in the standard. Being G the ratio of CP time to OFDM symbol time, this ratio can be equal to 1/32, 1/16, 1/8 and 1/4 [3].

3.2.9 OFDM Transmitter 

OFDM converts serial data stream into parallel blocks of size N and modulates these blocks using inverse fast Fourier transform (IFFT). Time domain samples of an OFDM symbol can be obtained from frequency domain data symbols as

x(i,n)=IFF[image: image51.png]


[X(i,k)]= [image: image53.png]


∑[image: image55.png]N-: (o
YI3X(i, K)
expt N




………………………. (3.4)

where X(i,k) is the transmitted data symbol at the kth subcarrier of the ith OFDM symbol, N is the fast Fourier transform (FFT) size. After the addition of cyclic prefix (CP) and D/A conversion, the signal is passed through the radio channel. The channel is assumed to be constant over an OFDM symbol, but time-varying across OFDM symbols. At the receiver, the signal is received along with noise. After synchronization, down-sampling, and removal of the CP, the simplified baseband model of the received samples can be formulated as 

y(n)=∑[image: image57.png]Ll x(n— 1)h(1) + w(n)
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where L is the number of sample-spaced channel taps, w(n ) is the additive white Gaussian noise (AWGN) sample with zero mean and variance of [image: image59.png]


 , and the time domain channel impulse response (CIR) for the current OFDM symbol, h (l ), is given as a time-invariant linear filter. Note that perfect time and frequency synchronization is assumed. In this case, after taking FFT of the received signal y(n), the samples in frequency domain can be written as 

Y(i,k)=x(i,k)H(i,k)+W(i.k)
……………………………………................. (3.6)

 Where H and W are FFTs of h and w respectively.

3.2.10 Forward Error Correction  

Digital communications need forward error correction (FEC) code for reducing errors due to noise, fading, interference, and other channel impairments. It is also called channel coding or error control coding. It introduces controlled redundancies to a transmitted signal so that they may be exploited at the receiver. The redundancy of the encoded data is quantified by the ratio of [image: image61.png]
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) this ratio is known as the code rate, which basically means for every [image: image71.png]


 data bits input into the encoder, there will be [image: image73.png]


 code bits output from the encoder. Generally, correction codes are categorized into two main types: block codes and convolution codes. Block coding is basically generating a “codeword” of [image: image75.png]


 coded bits that would be algebraically related to a sequence of [image: image77.png]


 data bits. Convolution coding is generated by the discrete-time convolution of a continuous sequence of input data bits. Both block code and convolution code are employed in wireless systems. However, convolution codes have proven superiority over block codes for a given degree of decoding complexity [15].
3.2.11 Pilot Insertion 

An OFDM system is equivalent to a transmission of data over a set of parallel channels. At the receiver, there are equalizers for compensation of channel characteristics which is achieved by sending pilot symbols from transmitter. The fading channel of the OFDM system can be viewed as a 2D lattice in a time-frequency plane, which is sampled at pilot positions and the channel characteristics between pilots are estimated by using pilot information by the channel estimator algorithm. The art in designing channel estimators is to solve this problem with a good trade-off between complexity and performance. The block-type pilot channel estimation, is developed under the assumption of slow fading channel, and it is performed by inserting pilot tones into all subcarriers of OFDM symbols within a specific period. The comb-type pilot channel estimation is introduced to satisfy the need for equalizing when the channel changes even from one OFDM block to the subsequent one [11].

3.3 Equalization 

A symbol-spaced linear equalizer consists of a tapped delay line that stores samples from the input signal. Once per symbol period, the equalizer outputs a weighted sum of the values in the delay line and updates the weights to prepare for the next symbol period. This class of equalizer is called symbol-spaced because the sample rates of the input and output are equal. Below is a schematic of a symbol-spaced linear equalizer with N weights, where the symbol period is T. 

3.3.1 Radio Channel 

There are three basic types of channels considered for this work. Performance of three channels, viz., AWGN, Rayleigh Fading Channel, Rician Fading Channel in communication environment is evaluated through simulation. Multipath fading is a significant problem in communications. In a fading channel, signals experience fades (i.e., they fluctuate in their strength). When the signal power drops significantly, the channel is said to be in a fade. This gives rise to high bit error rates [4]. 

3.3.2 Channel Estimation 

Time-dispersive channels can cause inter-symbol interference (ISI), a form of distortion that causes symbols to overlap and become indistinguishable by the receiver. For example, in a multipath scattering environment, the receiver sees delayed versions of a symbol transmission, which can interfere with other symbol transmissions. An equalizer based on LMS channel estimation algorithm attempts to mitigate ISI and improve receiver performance. LMS Decision feedback equalizer has been used as more efficient Adaptive equalization process [14]. 

3.3.2.1 Least Mean Squares Algorithm (LMS) 

Least mean squares (LMS) algorithms are a class of adaptive filter used to mimic a desired filter by finding the filter coefficients that relate to producing the least mean squares of the error signal (difference between the desired and the actual signal). It is a stochastic gradient descent method in that the filter is only adapted based on the error at the current time. LMS filter is built around a transversal (i.e. tapped delay line) structure. Two practical features, simple to design, yet highly effective in performance have made it highly popular in various application. LMS filter employ, small step size statistical theory, which provides a fairly accurate description of the transient behavior. It also includes H∞ theory which provides the mathematical basis for the deterministic robustness of the LMS filters. As mentioned before LMS algorithm is built around a transversal filter, which is responsible for performing the filtering process. A weight control mechanism responsible for performing the adaptive control process on the tape weight of the transversal filter   as illustrated in Figure below.
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Figure 3.4: Block diagram of adaptive transversal filter employing LMS algorithm

The LMS algorithm in general, consists of two basics procedure:

Filtering process, which involve, computing the output of a linear filter in response to the input signal and generating an estimation error by comparing this output with a desired response as follows:
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……………………………………..…….……………(3.8) y(n) is filter output and is the desired response at time n Adaptive process, which involves the automatics adjustment of the parameter of the filter in accordance with the estimation error. 
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Where µ is the step size, (n +1) = estimate of tape weight vector at time (n +1) and If prior knowledge of the tape weight vector (n) is not available, set (n) = 0.

The combination of these two processes working together constitutes a feedback loop, as illustrated in the block diagram of Figure3.4. First, a transversal filter, around which the LMS algorithm is built; this component is responsible for performing the filtering process. Second, there is a mechanism for performing the adaptive control process on the tap weight of the transversal filter, hence the designated “adaptive weight-control mechanism” as shown in the figure 3.4.

i . LMS is the most well-known adaptive algorithms by a value that is proportional to the product of input to the equalizer and output error.

ii. LMS algorithms execute quickly but converge slowly, and its complexity grows linearly with the no of weights.

iii. Computational simplicity

iv. In which channel parameter don’t vary very rapidly

3.3.2.2 Decision-Feedback Equalization
The basic limitation of a linear equalizer, such as transversal filter, is the poor perform on the channel having spectral nulls. A decision feedback equalizer (DFE) is a nonlinear equalizer that uses previous detector decision to eliminate the ISI on pulses that are currently being demodulated. In other words, the distortion on a current pulse that was caused by previous pulses is subtracted. In decision feedback equalizer the nonlinearity stems from the nonlinear characteristic of the detector that provides an input to the feedback filter. The basic idea of a DFE is that if the values of the symbols previously detected are known, then ISI contributed by these symbols can be cancelled out exactly at the output of the forward filter by subtracting past symbol values with appropriate weighting. The forward and feedback tap weights can be adjusted simultaneously to fulfill a criterion such as minimizing the MSE. The DFE structure is particularly useful for equalization of channels with severe amplitude distortion, and is also less sensitive to sampling phase offset. The improved performance comes about since the addition of the feedback filter allows more freedom in the selection of feed forward coefficients. The exact inverse of the channel response need not be synthesized in the feed forward filter, therefore excessive noise enhancement is avoided and sensitivity to sampler phase is decreased. The advantage of a DFE implementation is the feedback filter, which is additionally working to remove ISI, operates on noiseless quantized levels, and thus its output is free of channel noise. One drawback to the DFE structure surfaces when an incorrect decision is applied to the feedback filter. The DFE output reflects this error during the next few symbols as the incorrect decision propagates through the feedback filter. Under this condition, there is a greater likelihood for more incorrect decisions following the first one, producing a condition known as error propagation. On most channels of interest the error rate is low enough that the overall performance degradation is slight [4].

3.4 Channel model


In order to evaluate the performance of the developed communication system, an accurate description of the wireless channel is required to address its propagation environment. The radio architecture of a communication system plays very significant role in the modeling of a channel. The wireless channel is characterized by: Path loss, Multipath delay spread, fading characteristics, Doppler spread, Co-channel and adjacent channel interference All the model parameters are random in nature and only a statistical characterization of them is possible, i.e. in terms of the mean and variance value. They are dependent upon terrain, tree density, antenna height and beam-width, wind speed and time of the year.

3.4.1Path loss:

Path loss is affected by several factors such as terrain contours, different environments (urban or rural, vegetation and foliage), propagation medium (dry or moist air), the distance between the transmitter and the receiver, the height and location of their antennas, etc. It has only impact on the link budget that is why it in not being considered in the channel modeling used here [13].

3.4.2 Multipath Delay Spread:

Due to the non line of sight (NLOS) propagation nature of the Wireless MAN OFDM, Multipath delay spread in our channel model has to be addressed. It results due to the scattering nature of the environment. Delay spread is a parameter used to signify the effect of multipath propagation. It depends on the terrain, distance, antenna directivity and other factors. The rms delay spread value can span from tens of nano seconds to microseconds.

3.4.3 Fading characteristics:

In a multipath propagation environment, the received signal experiences fluctuation in its amplitude, phase and angle of arrival. The effect is described by the term multipath fading. Due to fixed deployment of transmit and receive antenna, the small scale fading in our channel model has to be addressed. Small scale fading refers to the dramatic changes in signal amplitude and phase that can be experienced as a result of small changes (as small as a half wavelength) in the spatial positioning between a receiver and a transmitter. Small scale fading is called Rayleigh fading if there are multiple reflective paths that are large in number and there is no line of sight signal component; the envelope of such a received signal is statistically described by a Rayleigh pdf. When a dominant non fading signal component is present, such as a line of sight propagation path, the small scale fading envelope is described by a Rician pdf [15]. In other words, the small scale fading statistics are said to be Rayleigh whenever the line of sight path is blocked and Rician otherwise. In Rician fading distribution the key parameter of this distribution is the K factor, defined as the ratio of the direct component power and the scatter component power.

3.4.4 Doppler Spread:

In fixed wireless access, a Doppler frequency shift is induced on the signal due to movement of the objects in the environment. Doppler spectrum of fixed wireless channel differs from that of mobile channel [5]. It is found that the Doppler is in the 0.12 Hz frequency range for fixed wireless channel. The shape of the spectrum is also different than the classical Jake's spectrum for mobile channel. Along with the above channel parameters, coherence distance, co-channel interference, antenna gain reduction factor should be addressed for channel modeling. Having the primary requirements for our channel model, two options have to be used. Either mathematical model for each of them has to be used or choosing an empirical model that care of the above requirements is used. We opted for the later one and choose the Rayleigh channel model for our simulation [13].

One of the main obstacles that we have to deal with during wireless communication scenario is co-channel interference. It occurs when a same frequency from two different transmitters reaches the same receiver simultaneously, thus creating problem for  the receiver to determine that the signal actually came from which user as shown in figure below Earlier on broadcast antennas were used with lot of signals being scattered thus resulting in wastage of signal strength and Bandwidth  so with the passage of time research was more focused on antenna. However problem with both these approaches were that signal intended for one user present in the cell could cause interference for the other user present in same or adjacent cell. Thus the use of sectorized antennas although increase the use of bandwidth by resulting in number of channels, however they were still not effective in dealing with co-channel interference problem as the use sectorized antenna promotes the co-channel interference. To deal with this problem of co-channel interference smart antennas are used. Smart antennas provide strong resistance against co-channel interference by throwing NULL towards unwanted users and directing a beam towards the desired user thus resulting in increased bandwidth and signal strength [15]. In order to design and analyze wireless communication system, Channel models should be developed that incorporate their variations in time, frequency and space Models are classified as either statistical or empirical. Statistical models are simpler and useful for analysis and simulation as compared to empirical models that are more complicated but usually represent a specific type of channel more accurately. To understand the basic performance of the system, the ideal channel model called Additive White Gaussian Noise (AWGN) is used. In this section three types of channel models Additive white Gaussian Noise (AWGN), Rayleigh Fading channel and Rician Fading channel has been used.

3.4.5 Additive white Gaussian Noise (AWGN)

This is a noise channel .This channel effects on the transmitted signal when signals passes through the channel .This channel adds white Gaussian noise to the transmitted signal. In this channel model fading interference and dispersion are not considered. AWGN is used to simulate background noise of channel.


Transmitted signal s(t)


Received signal 










r(t)=s(t)+n(t)






Noise n(t)

Figure3.5:  AWGN channel

    

The mathematical model for the received signal passed through an AWGN is shown above in figure and is represented by equation. The mathematical expression as in received signal r(t)=s(t)+n(t). Where, r (t) is received signal, S (t) is transmitted signal and n (t) is background noise. 

3.4.6 Rayleigh Fading Channel 

Rayleigh Fading is one kind of statistical model which propagates the environment of radio signal. According to Rayleigh distribution magnitude of a signal which has passed though the communication channel and varies randomly. Rayleigh Fading works as a reasonable model when many objects in environment which scatter radio signal before arriving of receiver. When there is no propagation dominant during line of sight between transmitter and receiver on that time Rayleigh Fading is most applicable. During our simulation Rayleigh Fading channel is used when we simulate in terms of BER and throughput.

As already mentioned Rayleigh distribution is normally used to model NLOS communications. It is statistically characterized by fading amplitude α(t) , modeled with a Rayleigh distribution ,which has Zero mean Gaussian components. Furthermore the phase ɸ(t) is uniformly distributed over the interval (0,2Π).The fading  amplitude is described by the probability density function as 
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Where σ is the rms value of the received voltage signal and σ2 is the time average power before envelope detection [8]. Combination of two Gaussian random variables gives Rayleigh channel model.  Rayleigh channel model = Gaussian random variable + j Gaussian random variable [16].

3.4.7 Rician Fading channel:-

Rician fading model is used when the transmission media is such that there is a presence of dominant line of sight path between transmitter and receiver along with the scattering. Rician fading is a model for radio propagation inconsistency caused when the signal arrives at the receiver by two different paths, and at least one of the paths is changing. Rician fading occurs when one of the paths, typically a line of sight signal, is much stronger than the others.
The Rician distribution is given by

P(r)=[image: image87.png]
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The Parameter A denotes the peak amplitude of the dominant signal and Io (.) is the modified Bessel function of the first kind and Zero order .The Rician distribution is often described in terms of parameter K which is defined as the ratio between the deterministic signal power and the variance of the multipath.

CHAPTER 4: IMPLEMENTATION AND RESULT

4.1 Block diagram of system implemented


Figure 4.1: Block diagram of system implemented









 Feedback

Figure 4.2: Block diagram for ideal Adaptive modulation


 Feedback channel

Figure 4.3: Block diagram for Practical Adaptive modulation

This section presents the simulation results of Non adaptive modulation and adaptive modulation for improving throughput. The simulations are carried out in the MATLAB program and the channel considered is Rayleigh channel and Rician channel. For the study of WiMAX system, first the capacity of Physical layer is studied. Then the BER at various signals to noise ratio (SNR) for different levels of modulation scheme is done for systems using LMS adaptive equalizer with decision feedback and without decision feedback equalizer. Also, comparison of BER Vs SNR for different levels of QPSK and QAM system is performed. For the study of adaptive modulation in WiMAX system, comparison of normalized throughput versus SNR is performed for different levels of QPSK and QAM adaptive modulation scheme. Also, the comparison for time taken to transmit the data is done.

4.2 Implementation

4.2.1Simulation model with and without decision feedback equalizer

The Matlab Octave simulation script performs the following:

· Generation of random binary sequence

· Appropriate (QPSK, 16QAM, 64QAM) Modulation Performed.

·  Assigning to multiple OFDM symbols, adding cyclic prefix

·  Convolving each OFDM symbol with a Rayleigh fading channel. The fading on each symbol is independent. The frequency response of fading channel on each symbol is computed and stored.

· Concatenation of multiple symbols to form a long transmit sequence

· Adding White Gaussian Noise

· Grouping the received vector into multiple symbols, removing cyclic prefix

· Converting the time domain received symbol into frequency domain

· Equalizing the received symbol.

· Here the first 1000 transmitted symbols are treated as Pilot to obtain coefficients of the equalizer. The used equalizer is LMS with and without decision feedback. 

· The remaining 3000 transmitted symbols are the actual data used for analysis. 

· Taking the desired subcarriers

· Demodulation and conversion to bits

· Counting the number of bit errors

· Repeating for multiple values of Eb/No

Simulation model for Adaptive Modulation

· Number of bits transmitted 144,000 bits.

· Symbol size while using QPSK=144 bits, 16QAM=288, 16QAM=432 bits.

· Initially 1000 symbols are transmitted to obtain coefficients of the equalizer. 

· The first 20 bits of each frame is known at the receiver. These bits are used to analyze the channel condition.

· After the 1000 pilot symbols are sent, the transmitter starts sending the actual data. 

· The first symbol is sent using QPSK. 

· The receiver analyzes the first 20 bits and checks the Bit Error Rate. 

· if current BER>=0.5

 if previous BER/current BER<0.9

                    

Use 16 QAM;

else

       

Use QPSK;

    
 End

else if current BER<0.5 && current BER>=0.45

Use 16 QAM;

Else

    
 if previous BER/ current BER>0.9

             

  Use 16 QAM;

else 

        

 Use 64 QAM;

    end

end

· All the above process is used for Ideal adaptive modulation and below given is an additional condition for practical adaptive modulation used  in  feedback

· QPSK is used initially with 144 ones while feedback

· 16QAM is used if 72 zeros and 72 ones while feedback

· 64QAM is used 72 ones and 72 zeros while feedback

· The process is repeated until total bits are transmitted. 

4.3Simulation Result 
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Figure 4.4: Result of BER Comparison for QPSK Modulation without equalizer and with decision  feedback equalizer for Rician and Rayleigh channel.
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Figure 4.5: Result of BER Comparison for 16QAM Modulation without equalizer, and with Decision feedback equalizer for Rician And Rayleigh channel.
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Figure 4.6: Result of BER Comparison for 64QAM Modulation without equalizer, and with Decision feedback equalizer for Rayleigh and Rician channel.
4.3.1Simulation result interpretation for equalization: - In figure 4.4, figure 4.5, and figure 4.6 simulation results has been shown for QPSK, 16QAM and 64QAM for both Rayleigh and Rician channel model. Here improvement in BER is noticed as after using LMS equalizer, significant improvement after using LMS decision feedback equalizer in Rayleigh channel and furthermore improvement while using Rician channel for Decision feedback equalizer and LMS equalizer. Rician channel has lowest BER because it is the channel used for dominant Line of Sight but Rayleigh Channel is used for Non Line of Sight.
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Figure4.7: Result of BER Comparison for QPSK 16QAM and 64QAM  in Rayleigh channel without equalizer
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Figure 4.8: Result of BER Comparison for QPSK 16QAM and 64QAM  in Rayleigh channel with Decision feedback equalizer
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Figure 4.9: BER Comparison of QPSK 16QAM and 64QAM  in Rician channel without Decision feedback equalizer
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Figure 4.10: BER Comparison of QPSK 16QAM and 64QAM in Rician channel with Decision feedback equalizer

4.3.2Simulation result interpretation in terms of modulation:-From above plot of different modulation technique it is clearly noticed that the improvement in terms of BER using LMS equalizer and LMS Decision feedback equalizer is shown above. That is in Figure 4.7 BER of  QPSK is better than 16QAM and 64QAM .In Figure 4.8 16QAM is better in terms of BER than QPSK and 64QAM. In Figure 4.9 BER of 16QAM is better than 64QAM and QPSK up to 18 dB but after that QPSK is better than 16QAM. In Figure4.10 QPSK is better than 16QAM and 64QAM up to 20dB and after that 16QAM is better than QPSK.
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Figure 4.11: Result of normalized throughput vs SNR for different modulation scheme with ideal feedback adaptive modulation

[image: image96.jpg]Time

1100

L T

900

800

700

600

500

400

300

Time Vs SNR

Mﬁ%

—E— Adaptive Modulation

——qpsk
—6—1BQAM
—&—B40AM

Fe8ngay

0

15
SNR (d8)

20 E3 0



          

Figure 4.12: Simulation result showing time taken to transmit the bit sequence for QPSK, 16QAM, 64QAM and ideal feedback adaptive modulation
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Figure 4.13: Result showing  normalized throughput vs SNR for QPSK ,16QAM ,64QAM  with ideal  adaptive modulation and Practical Adaptive modulation
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Figure 4.14: Simulation result showing time taken to transmit the bits for QPSK, 16QAM, 64QAM , ideal  Adaptive modulation and Practical Adaptive modulation 
4.3.3 Simulation result interpretation for Adaptive Modulation in Rayleigh channel:

Figure 4.9 shows the simulation output showing the normalized throughput for QPSK, 16QAM, 64QAM and Adaptive Modulation in WiMAX system. The normalized throughput describes the successful  rate of data transmission. It can be observed that at higher SNR the normalized throughput is changed for all modulation schemes. The normalized throughput using QPSK is found to be better than that of 16QAM, 64QAM and Adaptive Modulation. However, as seen in figure 4.10, the throughput of Adaptive modulation is better than that of QPSK and 16QAM  But, the time taken to transmit same number of bits is more for  adaptive modulation than 64QAM as shown in figure 4.10 thereby providing advantage of 64QAM over adaptive modulation . With the increase in SNR, the time taken to transmit the bit sequence using adaptive modulation becomes almost similar to 16QAM. Thus changing the order of modulation according to the channel condition (received SNR) takes the advantages of Adaptive modulation over 64QAM ,QPSK and 16QAM

 In practical scenario there is always some delay to reach the information (about modulation selection) from receiver to modulation selector in the feedback system. Thus there is always some degradation in performance due to this feedback delay. The feedback data when received at the transmitter is processed, and the modulation scheme is appropriately selected using some code bits. Figure 4.11 shows the simulation output showing the normalized throughput for QPSK, 16QAM, 64QAM and Adaptive Modulation in both Practical condition and ideal condition in WiMAX system. The normalized throughput describes the successful rate of data transmission. It can be observed that at higher SNR the normalized throughput is changed for all modulation schemes. The normalized throughput using QPSK is found to be better than that of 16QAM, 64QAM, Ideal Adaptive Modulation and Practical Adaptive Modulation up to 21dB. After 21dB ideal Adaptive modulation is better than other modulation. Practical Adaptive modulation is better than 16QAM and 64QAM. However, as seen in figure 4.12, the time taken to transmit same number of bits is more for adaptive modulation than 64QAM thereby providing advantage of 64QAM over adaptive modulation. With the increase in SNR, the time taken to transmit the bit sequence using Practical adaptive modulation becomes almost similar to 16QAM. Here, 144000 bits has been transmitted and it takes around 1100 second to receive by receiver using QPSK modulation, 540 second for Ideal adaptive modulation, 630 second for Practical Adaptive modulation 500 second for 16QAM and 330 second for 64QAM. As time to receive bits decreases in both ideal adaptive modulation and Practical Adaptive Modulation while in other modulation it remains constant. 
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Figure 4.15: Result of normalized throughput Vs SNR for ideal adaptive modulation and Practical Adaptive modulation
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Figure 4.16: Simulation result showing time taken to transmit the bit sequence for ideal  Adaptive modulation and Practical Adaptive modulation

4.3.4 Simulation result interpretation of Adaptive Modulation for Rician channel:

In Rician channel model throughput is Low for Practical Adaptive modulation than ideal adaptive modulation and the time it takes to transmit all the bits is more than ideal Adaptive Modulation. As it approaches higher SNR time reduces to reach the receiver and at 21dB both are almost equal. This is due to the Rician channel which works on Line of Sight and delay from feedback channel too. As Practical Adaptive modulation signal can be degraded due to worst channel condition in feedback.
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Figure 4.17: Result of normalized throughput Vs SNR for Rayleigh channel and Rician channel
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Figure 4.18: Simulation result showing time taken to transmit the bit sequence for ideal  Adaptive modulation in rayleigh channel and Rician channel
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Figure 4.19: Result of normalized throughput Vs SNR for  Practical  adaptive modulation in Rayleigh channel and Rician channel.
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Figure 4.20: Simulation result showing time taken to transmit the bit sequence for Practical Adaptive modulation in Rayleigh and Rician channel.

4.3.5 Simulation Result interpretation in terms of channel model :-

In Figure 4.17 which shows the result of Ideal Adaptive Modulation in Rayleigh and Rician channel. Figure4.18 shows that throughput is high  and time taken to Transmit the data is less for Rician channel. But in Rayleigh channel it has lower throughput and take more time to transmit same number of Bits.The result for Practical Adaptive modulation is almost similar as Ideal Adaptive Modulation as shown in Figure 4.19 with some little differences in Magnitude,.But in figure 4.20 time taken to transmit the bits is more for Rician Channel as compared to Rayleigh upto 3 dB then after time taken to transmit same number of Bit is more for Rayleigh channel than Rician channel. 

CHAPTER 5: DISCUSSION AND CONCLUSION
From the work done in this thesis, it was seen that Bit error rate can be reduced using equalizer and it is more effective using equalizer with decision feedback. For any system it is desired to have faster data transmission with minimum error as possible. So using different modulation technique it is possible with adaptive equalizer. Using adaptive equalizer it reduces the inter symbol interference. Since the channel is time varying the received SNR also varies with time. Thus a feedback system is needed that informs the transmitter about the channel condition. Here ideal feedback condition has been used for ideal adaptive modulation and Practical feedback condition for Practical adaptive modulation. In Practical adaptive modulation channel condition will be the reason to change the modulation technique. Appropriate selection of the order of modulation is done by the transmitter by means of feedback data. This technique to increase data rate with sufficient performance is adaptive modulation. With the use of adaptive modulation technique it is seen that the normalized throughput of the system is increased while still maintaining lower BER. Normalized Throughput and Signal to Noise Ratio as well as  time and Signal to Noise ratio both are analysed looking simultaneously because one result is helpful on other for analysis. 

It can be concluded that the performance can be increased using differeent kinds of equalizer and modulation technique. Adaptive modulation seems to be best modulation technique in high data rate communication system like WiMAX.

CHAPTER 6: FUTURE WORK

In this thesis work following improvement can be made.

· MIMO system can be implemented to increase the Performance of the system.

· Here the size of FFT is 128 which we can increase in our future work as well as made it scalable in size.

· Only Rayleigh fading channel and Rician fading channel is considered during simulations work and it can also be carried out in other channel model like SUI, Nakagami etc. 

· Different equalization techniques like blind equalizer, symbol spaced equalizer, fractionally spaced equalizer, and wiener filter etc can be implemented for further enhancement of performance. 

· The IEEE 802.16 standard comes with many optional PHY layer features, which can be implemented to further improve the performance. The optional Block Turbo code can be implemented to enhance the performance of FEC.

· WiMAX Physical layer can be adopted with Long Term Evolution.

REFERENCES

[1] WiMAX Forum: mobile WiMAX – PartI: A Technical overview and             performance Evaluation ,August 2006

[2] Anita Garhwal, Partha Pratim Bhattacharya, “Performance Enhancement of WiMAX System using Adaptive Equalizer", Journal of Emerging Trends in Computing and Information Sciences, VOL. 3, NO. 4, April 2012 

[3] M.A. Mohamed, F.W. Zaki, R.H. Mosebh, “Simulation of WiMAX Physical Layer:IEEE 802.16e”,International Journal of Computer Science and Network Security, Vol.10,No11, November 2010

[4] Garima Malik, Amandeep Singh Sappal “Adaptive Equalization Algorithms:An Overview” International Journal of Advanced Computer Science and Applications, Vol. 2, No.3, March 2011.

[5] Lekhnath subedi “Spectral efficiency and BER analysis of IEEE 802.16e in OFDM Physical layer” Msc Thesis Pulchowk Campus, November 2011.
[6] IEEE. Standard 802.16e-2005. Part16: Air interface for fixed and mobile broadband wireless access systems—Amendment for physical and medium access control layers for combined fixed and mobile operation in licensed band, December 2005.
[7] J. G. Andrews, A. Ghosh, R. Muhamed, “Fundamentals of WiMAX: Understanding Broadband Wireless Networking”, Prentice Hall, February, 2007

[8] IEEE 802.16, 2004,” IEEE Standard for Local and Metropolitan Area Networks Part 16: Air Interface for Fixed Broadband Wireless Access Systems”, October, 2004.

[9] Ghosh, A, Wolter, D.R. Andrews, J.G. Chen, R., “Broadband wireless access with WiMax/802.16: current performance benchmarks and future potential”, Communications Magazine, IEEE, Vol.43, Iss.2, Feb. 2005.

[10] Koffman, I, Roman, V.,”Broadband wireless access solutions based on OFDM access in IEEE 802.16” Communications Magazine, IEEE, Vol.40, Iss.4, April 2002.

[11] R.V. Nee & R. Prasad, ‘OFDM for Wireless Multimedia Communications”, Artech House Publishers, 2000.

[12] G.F.Ahmed Jubair, M.I. Hasan, Md. O Ullah “Performance Evaluation of IEEE 802.16e (Mobile WiMAX) in OFDM Physical Layer” Blekinge Institute of Technology August, 2009.

[13] Mohammad Azizul Hasan “Performance Evaluation of WiMAX/IEEE 802.16 OFDM Physical Layer”Helsinki University of Technology, Espoo ,June 2007.

[14] Vineeta, J.K.Thathagar,V. K. Patel, Charania” Performance Evaluation of WiMAX System OFDM Physical Layer for Flat-Fading and Multipath-Fading Channel Environments” International Journal of Engineering Research and Applications (IJERA) ISSN: 2248-9622 Vol. 2, Issue 3, May-Jun 2012.

[15] A A Bajwa, J A Awan,”Performance study of IEEE 802.16d physical layer with adaptive antenna  system” Blekinge Institute of Technology ,October 2008. 

[16] T. S. Rappaport, “Wireless Communications: Principles and Practice” Second Edition, Prentice Hall, 2003.
[17]Andreas F. Molisch, Fellow, IEEE “Wireless Communication” Second Edition, John Wiley & Sons Publication, 2011

OFDM Symbol





OFDM Symbol





OFDM Symbol





OFDM Symbol





OFDM Symbol





OFDM Symbol





�





�





De-Puncture





Viterbi Decoder





Reed Solomon Decoder





De Randomizer





DATA





DATA





Randomizer





Reed  Solomon Encoder





Puncture





Convolution Encoder





Digital Modulator





Interleaver





IFFT





Add Cyclic Prefix





Multi Path Channel





Remove Cyclic Prefix





FFT





Digital Demodulator





Channel Estimator


(LMS/DFE)








De-interleaver








   Noise





1 bit delay





1 bit delay





1 bit delay





1 bit delay





1 bit delay





1 bit delay





+





+








Transversal Filter W (n)





Adaptive Weight-control mechanism





∑





 +





Channel decoding





Removing cyclic prefix





 (Rayleigh/Rician Channel)





Output data








Demapping








FFT








Random Data Generation





Channel encoding








Mapping





Adding Cyclic Prefix








IFFT








      Noise





Transmitting section





Ideal  Channel





Receiving section





Transmitting sec


tion





 Channel1 Rayleigh /Rician channel











Receiving section





Channel 2 Rayleigh /Rician channel











xiv

