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Abstract 

Wireless communications systems over the years have evolved to provide ubiquitous 

wireless connectivity for users who are increasingly mobile. More recently apart from the 

communication needs of the humans, data traffic originating and terminating from/to 

machines, machine to machine (M2M) communications, has increased. Furthermore, 

positioning and localization information have also been derived using the wireless 

communication signals. These diverse usage scenarios make the wireless modems 

necessary to operate in different channel environments meeting the ever increasing 

quality of service (QoS) requirements and with the decreasing availability of dedicated 

frequency spectrum. Burst communications with reconfigurable modems based on 

technologies such as Cognitive Radios (CR) and Cognitive Radio Networks (CRN) could 

satisfy these diverse systems requirements by transmitting information in short intervals, 

detecting the available frequency bands for transmission and accurately estimating the 

burst signal’s time-of-arrival at the receiver so that the receiver is synchronized for 

effective computation of the positioning information and demodulation of the transmitted 

data.  

For this purpose, there are many spectrum sensing, time of arrival and synchronization 

algorithms which have been proposed in literature. Most methods are based on covariance 

and/or correlation of the received signal with known features of the transmitted signal. 
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However, since these algorithms operate on received signal samples, even before any 

receiver corrections such as carrier frequency offset or channel equalization are 

performed, they need to be robust against different impairments and also be hardware 

efficient for low complexity implementation and low power consumption. 

This thesis proposes low complexity schemes and architectures for spectrum sensing, 

time synchronization, fast acquisition and time of arrival estimation which address the 

issues of robustness and hardware efficient implementation for low power consumption. 

The proposed schemes take advantage of the pilot signals and repetitive preamble features 

which are part of the burst communication signals. The proposed algorithms are based on 

segmented processing of the received signal samples, processing only a derived signal or 

a single preamble out of the repetitive preambles. An analytical formulation is presented 

to explain how the proposed schemes are able to provide sufficient robustness and 

simplification of the hardware implementation. Further, performance of the proposed 

segmented processing schemes are evaluated through simulations over different 

propagation channel environments and comparisons with existing methods are presented. 

To evaluate the proposed segmented schemes in terms of implementation hardware 

complexity, FPGA synthesis is conducted and results are presented. 
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1 Introduction 

1.1 Background & Motivation 

New services are being introduced everyday based on wireless communication 

systems. The limited frequency spectrum bandwidth available for such services 

necessitates either careful frequency planning of these wireless deployments and could 

require reuse of frequencies to tackle the spectral scarcity problems. More recently, apart 

from the communication needs of the humans, wireless data traffic from machine to 

machine (M2M) communications and from services such as wireless 

positioning/localization has increased. These asynchronous data communication’s 

requirements are characterized by their low latency requirement, burst nature of the data 

traffic and the need for information and communications security of the communication 

link. Figure 1.1 illustrates typical wireless system deployment scenarios. 

In these scenarios, opportunistic and dynamic spectrum access based systems would 

serve well as compared to conventional fixed frequency spectrum based wireless 

deployments. Further for such deployments, use of Cognitive Radios (CRs) would 

become inevitable. The TV White Space initiative by the Federal Communications 

Commission (FCC) approves the use of certain bands of licensed TV spectrum 

opportunistically by unlicensed radios. This has provided a framework for spectrum reuse 
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and as such enhanced the adoption rate of cognitive radios (CRs) in commercial 

applications.  

1.1.1 Cognitive Radios 

Cognitive Radio (CR) is basically a reconfigurable transceiver which is referred to as 

an intelligent software defined radio (SDR) which autonomously and continuously 

monitors the different aspects of the transceiver operation, such as the operating 

environment, channel condition, communication parameters, communication link 

performance, etc., and recalibrates its operating communications parameters so that the 

desired link quality and throughput is maintained in varying operating conditions. In the 

process, it also dynamically detects the availability of a frequency band for setting up and 

maintaining a communication link. This could also be referred to as Dynamic Spectrum 

Access (DSA). Though the above description could suite a full cognitive radio, a 

restrictive approach which only requires the frequency band of operation to be changed 

 

 
 

Figure 1.1: Different wireless system deployments. 
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based on the spectrum availability has also been explored. These are referred to as 

spectrum sensing cognitive radios [1]. 

The main functions in a CR, apart from the conventional reconfigurable 

communications transceiver functions, are spectrum sensing, spectrum management and 

cognition cycle. The cognition cycle monitors the different operating parameters and 

accordingly determines and configures the communications transceiver with suitable 

communication parameters in order to maintain the required quality of service in the 

communication link. 

The concept of software defined radios and cognitive radios were first proposed by 

J.Mitola [1, 2]. The concept has been extended to cognitive radio networks (CRN) which 

mandate spectrum sensing and DSA for maintaining seamless wireless connectivity. 

Different studies have been carried out and shown that though the frequency spectrum 

availability is getting scarce, the usage of available frequency spectrum is not efficient, 

i.e. spectrum is underutilized. This has prompted the opening up of specific licensed 

frequency bands for unlicensed users. In such cases, spectrum sensing cognitive radios 

which allow dynamic spectrum switching and management can be used to exploit the 

licensed spectrum by unlicensed (secondary) users. It also allows for opportunistic 

spectrum usage among the secondary users of the licensed spectrum. 

CRs require frequency agile radio front-end and reconfigurable signal processing 

blocks to make opportunistic and dynamic spectrum access possible. Spectrum sensing is 

one of the primary functionalities in CR. It allows determination of occupancy of a 

particular frequency spectrum and hence it’s availability for opportunistic use, thus 

allowing for realizing the opportunistic use of available spectrum and dynamic spectrum 

access. 
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1.1.2 Dynamic Spectrum Access 

Dynamic spectrum access (DSA) is envisaged to alleviate the spectrum shortage 

issues, allowing for introduction of new services in the available spectrum by enhancing 

spectrum usage efficiency. 

Cognitive radios which allow for different communication parameters to be changed 

dynamically are primarily suited for implementing DSA. However, apart from the 

economic and regulatory challenges, certain technical challenges such as interference 

management, link adaptation, bandwidth management, performance criteria for spectrum 

opportunity detection, multi-user detection, burst signal detection, etc., still remain and 

are being actively investigated. 

One of the main challenges, spectrum opportunity identification, detection and 

tracking is that it requires suitable spectrum sensing mechanisms. This is achieved either 

through intelligent and cooperative signal processing networking techniques (cooperative 

sensing), which rely on efficient signal processing for enhanced spectrum sensing. 

Several spectrum sensing algorithms have been proposed in published literature. 

However, there is always a need for a low complexity algorithm for spectrum sensing 

which can be implemented effectively. 

1.1.3 Burst Communications 

Wireless communications nowadays not only link stationary or slowly moving mobile 

devices, but are also widely used to connect moving cars, train carriages and unmanned 

aerial vehicles (UAVs). The wireless communications between fast moving objects and 

high altitude platforms (HAP) encounter a combination of high Doppler and delay spread 

in propagation channel. In the design of wireless links for these applications frame-based 

burst communications are generally used. Here we refer burst communications as 
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transmissions over a short period of time, which are of relatively high-bandwidth and are 

of intermittent or predetermined in time of transmission. Especially in CRNs, where the 

channel frequencies are opportunistically reused and the transmissions will have to switch 

operating frequencies depending on the frequency spectrum availability, which is 

determined through spectrum sensing. In such systems, the data transmission takes place 

in short frames and the channel effects encountered by the data burst are corrected within 

the frame and in the worst-case the corrupted frame is discarded altogether.  

DSA enhances the reuse of frequency spectrum similarly multiple users can also use 

the same frequency spectrum at different times, Time Division Multiple Access (TDMA). 

This further optimizes the use of frequency spectrum. Moreover, the asynchronous nature 

of data traffic in evolving services has led to use of burst signals, which allow for TDMA 

multiplexing of users and time domain duplexing (TDD) of wireless communications 

over a given frequency spectrum. This fits in well with the opportunistic use of the 

available frequency spectrum. In some cases, the high data rate requirement of certain 

scenarios is achieved through the use of higher order modulation and the use of 

Orthogonal Frequency Division Multiplexing (OFDM) modulation techniques. However, 

for proper demodulation and decoding of data from burst signals, the receiver needs to 

effectively time synchronize with the incoming burst before it can perform suitable signal 

processing, such as frequency offset estimation and correction, channel estimation and 

equalization and data error correction.   Given that the receiver needs to achieve time 

synchronization before any kind of signal processing can be applied on the received 

signal, the time synchronization algorithm will need to be robust against impairments 

such as carrier frequency offset, propagation channel and environment. Moreover, since 

synchronization is carried out on the signal’s sample interval, rather than the symbol 

interval, the synchronization algorithm will need to be of low complexity and suited for 
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hardware efficient implementation leading to lower power consumption. Time 

synchronization is achieved through detection of the preamble signals which are 

transmitted at the start of each burst. Typically, each transmit burst contains multiple 

short preambles and a few long preambles followed by the signal index and data payload, 

as shown in Figure 1.2. Short preambles (SP) are used for achieving coarse time 

synchronization. Once coarse time synchronization is achieved, long preambles (LP) are 

used for determining the fine time synchronization and estimation of the impairments 

which could be corrected through suitable signal processing. Signal Index (SS) contains 

the meta-data related to the constant or variable length data payload which follows it. 

Most of the synchronization algorithms achieve time synchronization through correlation 

of the received signals, either with a delayed version of itself or with a stored replica of 

the transmitted signal. Robust synchronization algorithms are essential to tackle the 

varied scenarios, which is one of the objectives of the work presented in this thesis. A 

number of algorithms have already been proposed for this purpose and in this work a 

solution based on segmented synchronization has been proposed. 

More recently, wireless data communication signals have been used for determining 

the position of wireless devices relative to other devices. With the over-the-air travelled 

distance of a radio frequency (RF) signal directly proportional to time of travel, most of 

the techniques derive position information based on time-of-flight of the signal from 
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Figure 1.2: Burst signal structure. 
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multiple anchor node transmitters to the wireless receiver. Depending on the user 

environment, multiple replicas of a transmitted signal arrive at the receiver due to 

reflected signals. In such instances, along with the timing synchronization accuracy 

between multiple anchor node transmitters, accuracy of the estimated time-of-arrival of 

the transmitted signal at the receiver determines the accuracy of the estimated position 

information.  

One of the most important aspects of wireless communication is the mechanism how 

the link is secured. Wireless security can be classified into Information security, security 

of the actual data transmitted over the wireless link, and Communications security, 

security of the wireless signals itself. 

 Information security is usually achieved through data encryption techniques such as 

Advanced Encryption Standard (AES), and communications security is achieved either 

through frequency hopping (FH) or direct sequence spread spectrum (DSSS) techniques. 

Apart from communications security, FH also provides frequency diversity and hence is a 

preferred technique. In FH, the transmit frequency is hopped based on a pseudo noise 

(PN) sequence generator which determines the next hop frequency of the burst. When the 

PN sequence length and the number of frequencies in the FH set are large, the time to 

acquire the FH signal is also large. However, once a single burst is correctly received and 

its data demodulated, the FH sequence is known from the demodulated data. However, 

during the acquisition process of the FH signal multiple transmitted bursts could be lost 

and delay the acquisition of the FH signal. In this direction, a scheme for fast acquisition 

and synchronization of FH burst signals is proposed in this thesis. 
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1.2 Objectives 

The main objective of the work presented in this thesis is to develop hardware efficient 

algorithms and architectures for burst communication’s use in cognitive radios. Towards 

this objective, the main focus is on developing solutions for spectrum sensing and time 

synchronization functional processing modules. The proposed solutions should provide 

robust performance, especially in low SNR scenarios and in different propagation channel 

environments, which would improve the overall performance of CRs in diverse wireless 

applications. The proposed architectures should be able to translate into hardware 

implementations which are either low in complexity or efficient in terms of hardware 

resource utilization. The specific objectives of the work presented in this thesis are:  

1) To propose a spectrum sensing algorithm and architecture which is suitable for 

both continuous and burst signal sensing in CR, especially for achieving good 

sensing performance with reduced hardware implementation complexity. Most of 

the current spectrum sensing solutions are either suited for continuous signals or 

have high computational complexity. 

2) To propose a time synchronization scheme for burst signals which is suitable to 

provide robust timing synchronization in different channel environments, 

especially at low SNR scenarios. It should also be able to translate into an  efficient 

hardware implementation with reduced hardware resource utilization. The 

proposed timing synchronization’s timing estimate should also be able to aid in 

estimating the position / localization of the receiver. 

3) To evaluate the hardware implementation complexity of proposed schemes with 

the aid of FPGA synthesis. 
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1.3 Contributions 

The key focus is to develop low complexity, hardware efficient schemes for spectrum 

sensing, time synchronization, fast acquisition and fractional time delay estimation in 

wireless communication systems. 

1) Low Complexity Spectrum Sensing Using Segmentation and Decimation. 

A low complexity spectrum sensing technique based on correlation of intra-segment 

decimated vectors has been proposed. The primary signal to be detected is sampled at a 

particular frequency, and the digitized samples are segmented and decimated by a 

suitable decimation index. The resulting vector’s arithmetic means are correlated to 

detect the presence of the signal. MATLAB simulations of the proposed technique 

have been carried out to validate the proposed technique. Single-tone, Multi-tone 

signal at a 25MHz IF frequency, Advanced Television Systems Committee for digital 

television transmission over terrestrial, cable, and satellite networks (ATSC) Digital 

Television (DTV) signal, Phase Alternating Line System B (PAL-B) Analog TV signal 

and a QPSK modulated burst signal have been used to validate the proposed detection 

technique. The proposed scheme is able to detect the presence of a signal effectively 

and its complexity is only nearly 1/10th of the complexity (for vector length n = 10) of 

the simplest of the existing correlation based technique and has much higher hardware 

gains over FFT based detection schemes. The proposed spectrum sensing technique 

also allows for varying the performance of the spectrum sensing by trading off the 

implementation complexity. Using the proposed reconfigurable implementation 

architecture, it is possible to dynamically trade-off detection performance of the 

proposed spectrum sensing technique with the hardware computations required for 

detection. 
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2) Efficient Cross-correlation Algorithm and Architecture for Robust 

Synchronization. 

A time synchronization algorithm based on preamble sequences, which are generally 

used for time and frequency synchronization has been proposed. Recently Zadoff-Chu 

(ZC) sequences have gained popularity for this purpose. The proposed synchronization 

method is an efficient cross-correlation based algorithm. Further an implementation 

architecture for robust synchronization in systems with multiple preambles has also 

been shown. The proposed method is well suited for systems experiencing carrier 

frequency offsets and operating in high-mobility environments. Synchronization is 

achieved by cross-correlation of local transmit preamble replica with the segmented 

and decimated samples of the received preamble. The proposed architecture has been 

synthesized and implemented on Xilinx FPGA platform for validation and 

performance evaluation. The system level MATLAB simulation under Additive white 

Gaussian noise (AWGN), in Long-Term Evolution (LTE) channels with frequency 

offsets and Doppler shifts have also been carried out to find the efficacy of the 

proposed approach. The inherent parallelism of the proposed scheme results in a fast 

and energy efficient implementation. One such implementation of the correlator 

structure in Xilinx FPGA is presented and is shown to have 28% reduction in power 

consumption, capable of clocking 1.5x higher clock speed with 73% reduction in the 

usage of FPGA hardware resources such as DSP blocks and logic resulting in an 

overall reduction in energy consumption by 57%, when compared to full parallel cross-

correlator based synchronization. 
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3) Fractional Time Delay ToA Estimation Using Short Preambles For OFDM-

WLAN. 

The proposed time synchronization algorithm has been extended for fractional time 

delay Time-of-Arrival (ToA) estimation in time domain. The proposed ToA estimation 

approach has been applied to OFDM based WLAN signals. The proposed approach 

makes use of OFDM-WLAN’s short preamble repetitions to estimate fractional time 

delay ToA. Estimation is done by oversampling, segmenting, re-arranging and cross-

correlating received preambles with a stored replica of short preamble. It has been 

extended for receivers with multiple receive antennas. Simulation results show the 

improvement in ToA estimation error over both low and high SNR scenarios as 

compared to single antenna receivers.  

4) Fast Acquisition and Time Synchronization of Frequency Hopping Burst 

Signals. 

Further, the proposed synchronization algorithm has been applied for successful 

detection and demodulation of frequency hopping (FH) signals, which is dependent on 

proper tuning of the front-end to the transmit frequency and time synchronization of 

the incoming burst. The sequence of FH hop frequencies is generally determined by a 

Pseudo-Noise (PN) sequence and time synchronization is achieved using 

synchronization preambles in the transmit burst. Successful acquisition of the hop 

frequency sequence could be achieved when at least a single burst’s data is 

successfully decoded at the receiver.  In this thesis, a low complexity, two-level 

acquisition based scheme for fast acquisition and time synchronization of the 

frequency hopping burst based on the Zadoff-Chu synchronization preambles has been 

presented. Simulation results detailing the proposed scheme’s performance and a low 

complexity hardware implementation architecture are presented. Simulations show that 
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the single IF channel synchronization detection performance is above 99% for SNRs 

more than -20dB and wideband multiple digital IF detection performance is similar to 

single digital IF channel performance for SNRs more than -5dB. The simulations have 

been carried out for characterizing the performance in different propagation channel 

environments such as AWGN, LTE-EVA, LTE-ETU and 6-path Rician propagation 

channels. The performance degradation due to the low complexity hardware is seen to 

be less than 1% for SNRs above -20dB and the synchronization performance 

difference reduces to less than 0.1% for SNRs above -5dB. 

1.4 Thesis Outline 

The rest of this thesis is organized as follows. In Chapter 2, a review of related 

published works has been carried out. These include:  

• Concepts of CR, significance of spectrum sensing and various techniques that 

have been proposed for spectrum sensing. 

• Time synchronization algorithms that have been proposed. 

• Techniques and approaches that are being used for ToA estimation for 

determining the position information. 

• Fast acquisition and synchronization algorithms that have been proposed for 

FH signals. 

Chapter 3 presents the proposed method for spectrum sensing, performance simulation 

results and demonstration of the low complexity nature of the proposed approach. 

In Chapter 4, an efficient cross-correlation algorithm for robust synchronization in 

frame-based burst communication systems has been presented. The proposed method’s 

performance is simulated and compared with few existing algorithms. Implementation 
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architecture along with its hardware implementation and resource efficiency of the 

proposed algorithm are shown. 

Chapter 5 presents two adaptations of the proposed time synchronization algorithm for 

fractional time-delay ToA estimation and synchronization, and fast acquisition and time 

synchronization for FH burst signals. Performance simulation results of both extensions 

along with the low complexity hardware implementation for fast acquisition of FH burst 

signals is presented. 

Finally, Chapter 6 concludes the thesis with a summary of works presented and 

suggestions for future work. 
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2 Literature Review 

In this chapter, a review of published research related to Spectrum sensing and Time 

Synchronization of burst signals has been carried out. 

2.1 Spectrum Sensing 

CRs use different transmission parameters for a communication link to satisfy the 

link’s set requirements. Their ability to dynamically change the operating frequency is 

primarily suited for implementing DSA. 

DSA can be broadly categorized into the following three user models [3] 

1. Dynamic Exclusive Use Model 

2. Open Sharing Model 

3. Hierarchical Access Model 

Dynamic exclusive use model assigns exclusive spectrum use to specific services by 

way of spectrum property rights and dynamic spectrum allocation. The main intention of 

this model is to allow for greater spectrum usage efficiency. In this model, the spectrum is 

either dynamically allocated depending on the usage pattern or by users with proprietary 

rights spectrum, who choose to allow use of it by other users. 
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Open sharing model is similar to the unlicensed industrial, scientific and medical 

(ISM) frequency spectrum bands. In this model, different spectrum sharing strategies 

have been investigated to accommodate the co-existence of different wireless services in 

ISM frequency bands. 

Hierarchical access model adopts a primary user - secondary user structure. This model 

opens up the licensed spectrum of the primary users for use by secondary users and 

limiting the interference of the secondary users as seen by the primary users. For this 

purpose, generally two different approaches have been considered, Spectrum Underlay 

and Spectrum Overlay. 

In the spectrum underlay, the secondary users’ transmissions are constrained so that 

they operate only below the noise floor of the primary users. This approach does not need 

to detect the operation of primary users as the constraints are derived based on the 

assumption that the primary users are in operation all the time.  Spectrum overlay 

approach was first proposed by J. Mitola [4] as spectrum pooling and was further 

investigated by United States Defense Advanced Research Project Agency (DARPA) as 

opportunistic spectrum access in the XG program [5]. Unlike the spectrum underlay 

approach, spectrum overlay approach restricts the use of frequency spectrum by 

secondary users only when the primary users are not in operation. This notion of primary 

users not being in operation is exploited in both spatial and temporal spectrum white 

spaces for use by secondary users. 

The different DSA models present varied requirements on the different spectrum 

sensing parameters such as sensing time, probability of detection (Pd), probability of false 

alarm (Pfa), etc… 



Chapter 2: Literature Review 

35 
 

CRs determine the availability of a radio channel frequency for establishing a link 

through spectrum sensing as well as through global database [6] for TV White Space 

usage or through other networking techniques also known as cooperative sensing [7]. 

Cooperative sensing still relies on the individual nodes sensing the available frequency 

spectrum at their respective location. These local observations are shared with other nodes 

in the network. Sharing could be through a centralized node or through individual 

reporting over the network. Cooperative sensing technique is likely to reduce the sensing 

performance degradation due to fading, hidden node issues, etc., The sensing performance 

of a node/user is improved in cooperative sensing due to the fact that all nodes/users in a 

network experience different operating environments and have different level of sensing 

confidence, as they are likely to have different SNRs with respect to the primary user 

signal. The overall performance of such collaborative sensing is dependent on the 

individual node’s capability to sense the spectrum. The popular spectrum sensing 

algorithms used at the individual nodes are 

1. Energy detection 

2. Matched Filter detection 

3. Wavelet-based detection 

4. Feature detection (Cyclo-stationary based & Covariance-based detection) 

There has been extensive research to develop hardware efficient spectrum sensing 

algorithms which will reduce the implementation complexity and improve the sensing 

sensitivity. The sensing sensitivity metric is used to quantify the performance of a sensing 

algorithm in terms of its Probability of Detection (Pd), Probability of False Alarm (Pfa) 

and Signal to Noise Ratio (SNR). The spectrum sensing algorithm’s hardware efficiency 

is primarily of significance to devices intended for consumer use. The implementation 
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complexity of spectrum sensing is a major factor in order to keep the computing resource 

requirements and hence the cost of devices to the minimum. Different spectrum sensing 

algorithms have been proposed in the literature and a summary is presented below. 

2.1.1 Energy Detection 

Energy detector based spectrum sensing is the most simplest to implement with least 

complexity. It has been extensively used to determine the presence of primary users. 

Basically, in energy detector, samples of the received band-limited signal within a 

specific integration interval are used to reconstruct the signal. The integrated power over 

the integration interval is compared to a set threshold and the presence or absence of the 

signal is declared depending on a chosen threshold. One of the main advantages of energy 

detection approach is that it does not require any prior knowledge of signal and noise in 

the intended frequency spectrum band. The implementation complexity of these 

algorithms is modest, but their performance suffers heavily in presence of higher or 

uncertain noise power. Different techniques have been proposed to reduce the impact of 

noise on the performance of energy based detection [8-10]. 

The integrated power is directly proportional to the signal power and noise power 

present in the integration interval. Setting a fixed threshold in the energy detector for 

different SNR scenarios affects the performance of the energy detector. In [8], an adaptive 

threshold technique has been suggested in which the energy detector’s threshold for 

detection of the primary user is determined based on the SNR estimate to determine the 

presence or absence of the signal. Similarly in [9], noise power uncertainty is introduced 

into threshold setting by combining with inputs from other users in a network to perform 

collaborative sensing. This suggests an improvement in performance of conventional 

energy detection in the presence of uncertain noise power due to collaborative gain, which 
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is realized through combining multiple inputs. The overall performance of the energy 

detector is also improved by optimally combining the received signal samples from 

different antennas. The method proposed in [10] blindly combines the received signal 

samples in space and time based on the principle of maximizing the signal-to-noise ratio 

(SNR) and after combining, energy detection (ED) is used. 

Further, channelized energy detectors have also been proposed to reduce the impact of 

out-of-band noise on the decision and to improve energy detection in desired frequency 

bands. Channelized energy detectors have different types of channelizers to limit the 

bandwidth and the integrating interval. Discrete Fourier Transform Filter Bank (DFTFB) 

are generally used in channelized energy detectors [11, 12] which offer fixed sensing 

resolution. In such energy detectors, usually the outputs of several band energies are 

combined to produce the final output. In [13], multi-resolution filter banks (MRFB) have 

been used to provide multiple sensing resolutions by efficiently selecting the varying 

resolution sub-bands without much of a hardware re-implementation.  Further, an 

improved tree-structured DFT filter bank based spectrum sensor is presented in [14]. The 

outputs of several branches of the DFT are combined to determine the edge frequencies of 

the channel. 

2.1.2 Matched Filter detection 

Matched filter detection [15, 16] is also known as coherent sensing or detection. 

Matched filters maximize the received signal SNR. Therefore they are more suited for 

reducing the impact of noise uncertainty in stationary noise environments for signal 

detection. With prior knowledge about features of the signal to be detected, such as the 

type of modulation, symbol rate etc., the matched-filter based algorithms offer better 

performance at the cost of higher computational complexity. Generally matched filter 
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based detection is suitable when the primary user’s signal has certain templates such as 

pilots, preambles, etc., which can be used to match with the received signal. Since a 

known template is used for detection, the sensing time required for a given performance 

metric is shorter. 

 The received signal needs to be demodulated in most cases in order to extract the 

template information. With a variety of waveforms being used by primary users and in 

CRN, the waveforms itself being chosen dynamically to suit the environments, this 

particular requirement increases the complexity of the spectrum sensing receiver and 

makes its practicality very limited in cognitive radios. Moreover, even in certain limited 

applications where the primary user is clearly defined, as in [16], when the derived 

template is corrupted, the performance of matched filter detection degrades significantly. 

This also places constraints on the secondary user’s waveforms which should avoid using 

similar templates as being used by primary users. 

2.1.3 Wavelet-based Detection 

Wavelet transforms have time-frequency localization properties and have been used as 

a tool to analyze local spectral structure to identify singularities and edges of the spectrum 

with low computational complexity. These are mostly useful in wideband spectrum 

sensing where it is necessary to determine the edges of the frequency band in use. One of 

the issues with wavelet based detection is that it is difficult to isolate false detection due 

to isolated impulses, spike, very-narrowband interference and white noise [17]. In [18], a 

first-order derivative scheme is used to detect frequency band edges using wavelets. The 

first-order derivative scheme detects frequency boundaries accurately at high SNR but has 

degraded performance at low SNR. To circumvent this issue, Hilbert transforms have 

been proposed in [19] to determine the edges of channel frequency band. Generally, 
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Hilbert transforms are used to analyze the harmonic functions. The spectrum of interest is 

divided into multiple sub-bands and the average power spectral density of each sub-band 

is used to determine the occupied sub-bands.  

2.1.4 Feature Detection 

Most feature detection based algorithms make use of cyclostationarity characteristic 

[20] of the signals to determine the presence of the signal. The cyclostationary features in 

the signal exist mainly due to the periodicity in the transmitted signal. Cyclostationary 

features are, to some extent, in the signal statistics such as mean, autocorrelation, 

covariance, etc. The performance of feature detection based spectrum sensing is generally 

better than energy detection based sensing because usually noise modelled as Additive 

White Gaussian Noise (AWGN), and it has no cyclostationary features. However, the 

modulated primary user signals are with cyclostationary features which can be used to 

effectively differentiate against noise. Cyclostationarity based methods are advantageous 

over energy detection based spectrum sensing only when noise power is not known [21]. 

Cyclic autocorrelation functions (CAF) and statistical covariance (CAV) are generally 

used to determine the cyclostationarity present in the signal. In [22] and [23], multi-cycle 

cyclostationary detectors based on the classical cyclic autocorrelation estimator and its 

asymptotic properties have been proposed. An improved sub-optimal multi-cycle sum 

detector is proposed in [23]. In [23], it is shown that by proper scaling of test statistics of 

different candidate cycle frequencies, sensing performance is increased. These algorithms 

make an assumption that the knowledge of at least one cyclic frequency of the primary 

user’s signal is known. However, there are other approaches which make use of the 

distinctive characteristics of waveforms such as OFDM which are recently being used. 

For OFDM waveforms, usually it is the Cyclic Prefix (CP) - induced cyclostationarity 
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which is exploited for spectrum sensing. In [24], Cyclic autocorrelation function of 

OFDM and Generalized Frequency Division Multiplexing (GFDM) signals is shown and 

Generalized Likelihood Ratio Test (GLRT) is applied for one non-zero cyclic frequency, 

which is characterizing the OFDM/GFDM CAF structure and in differentiating it from 

noise. A binary tree classifier for WiMAX (Worldwide Interoperability for Microwave 

Access) and LTE-OFDM signal’s detection and classification is presented in [25-27]. It 

makes use of CP-induced cyclostationarity in OFDM signals, preamble-induced 

cyclostationarity of the mobile WiMAX OFDM-based signals and the distinctive 

Reference Signal-induced (RS-induced) cyclostationarity of the LTE OFDM-based 

signals. It has generally been noted that the CP- induced cyclostationarity based features 

are stronger than preamble, and RS-induced cyclostationarity. Apart from the CP- 

induced cyclostationarity, preamble, and RS-induced cyclostationarity in OFDM system, 

signal is also identified using correlated pilot subcarriers, if present. The OFDM system 

could be uniquely determined by the frequency location of the pilots, thus enabling 

precise signal identification. The detection algorithm proposed in [28] makes full use of 

the cyclostationary specificities of the target signal, IEEE WLAN 802.11a [29] signal. 

The cyclic signatures induced by the correlated pilots are applied to determine the 

primary signal and this method is shown to be robust to frequency-selective channel 

fading. 

The statistical covariance and Maximum-Minimum Eigen-value based covariance 

absolute value (CAV) algorithms are based on auto-correlation estimation, which 

compute the covariance matrix of received signal to derive the detection parameters. CAV 

algorithms work well but tend to be of higher computational cost. The statistical 

covariances of the received signal and noise are usually different and they are used to 
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differentiate noise from the signal and determine the presence of the signal. Two different 

test statistics are extracted from the covariance matrix in [30] and the presence of the 

signal is determined by comparing extracted statistics. The test statistic derived out of the 

covariance matrix, as proposed in [31], are the Eigen values of the covariance matrix of 

the received signal. The detection hypothesis is based on the ratio of the maximum 

eigenvalue to minimum eigenvalue and ratio of the average eigenvalue to the minimum 

eigenvalue. 

The autocorrelation based algorithm, Maximum Cyclic Autocorrelation Selection  

(MCAS) proposed in [32] improves the performance of the CAV algorithm presented in 

[30, 31] by incorporating the assumption that the primary user signal is a low-pass signal 

with symmetric spectrum and complex valued with independent real and imaginary signal 

components. The decision statistic is different from that proposed in [30, 31] and allows 

for scanning the frequency band to determine the center frequency of the captured 

primary signal. In order to improve the performance of CAV based detection and energy 

based detection, a hybrid detection mechanism is proposed in [33]. The hybrid detection 

uses energy detection in low correlation scenarios and CAV based detection in high 

correlation scenarios. The final result to use is determined by a test statistic which is 

based on the received signal SNR. It is shown that the hybrid detection methods perform 

better in time-varying fading conditions. 

The autocorrelation based algorithms presented in [34] perform correlation coefficients 

(CCE) based detection and nonparametric autocorrelation based detection. 

Cyclostationarity-based spectrum sensing with subspace projection as presented in [35], it 

makes use of cyclic autocorrelations for different delays at the same frequency for the 

detected primary user. Correlation and summing algorithm proposed in [36] makes use of 
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difference in autocorrelation envelopes of band-pass noise and band-pass signal to detect 

the presence of the signal. The maximum cyclic autocorrelation selection (MCAS) 

algorithm presented in [32] compares the peak and non-peak values of the cyclic 

autocorrelation function to determine whether the primary signal is present or not. The 

computational complexity of MCAS is shown to be relatively low. In [37], a constant 

false alarm rate detection algorithm based on autocorrelation of received samples is 

presented. The autocorrelation algorithm performance is improved by incorporating the 

assumption that the primary signal is low-pass and complex-valued with independent real 

and imaginary components. Spatially uncorrelated samples from multiple antennas are 

correlated to detect the presence of the signal in [38]. 

Most of the algorithms discussed above have been proven through simulation studies 

and shown to have satisfactory performance. Their implementation complexity is directly 

dependent on the multiple autocorrelations and computation of covariance matrices of the 

received signal. But, these algorithms seldom take advantage of the fact that most of the 

analog radio frequency receivers have an output intermediate frequency which is band 

limited and usually downconverted and digitized  to generate baseband samples for 

further processing. The possibility of changing the sampling frequency dynamically to 

digitize the down-converted received signal, and exploiting this to reduce the computation 

requirements of the spectrum sensing algorithms has been hardly explored in the existing 

literature. In this thesis a simplified correlation based sensing method is proposed in 

Chapter 3. 
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2.2 Time Synchronization of Burst Signals 

Frame-based communications of any kind require frequency and timing 

synchronization between two nodes to correctly receive, demodulate, and decode the 

transmitted data. Here we refer burst signals as transmissions over a short period of time, 

which are of relatively high-bandwidth and are of intermittent or predetermined in time of 

transmission. For transmissions in high mobility environments, which experience high 

Doppler and delay spread, OFDM systems are popularly used mainly due to their large 

symbol times and the high data-rate they offer. Efficient demodulation and decoding for 

OFDM systems depends on time and frequency synchronization which maintains the 

orthogonality between the OFDM sub-carriers and reduces Inter-Carrier Interference 

(ICI). Once timing synchronization is achieved, powerful channel estimation/correction 

and channel coding schemes are being used to increase the Bit-Error-Rate (BER) 

performance of the data link. Hence achieving timing synchronization with least error is 

important even at lower Signal-to-Noise ratios (SNR), this is especially true in CRNs and 

in Mobile Adhoc mesh NETwork  (MANET) systems, where individual node's 

communication link could employ different channel coding schemes for increasing the 

overall network performance.  

Frequency Hopping (FH) is used in many of these systems as it provides frequency 

diversity, robustness against jamming and interfering signals [39, 40]. Acquisition of FH 

sequence is the initial detection of current hop and determination of subsequent hop 

frequencies. Till the FH sequence is acquired, all burst data is lost and leads to possible 

late entry into a network of nodes, delaying the overall network formation in a MANET. 

Acquisition time can be large depending on the length of the PN-sequence used to 

generate the FH sequence and the number of discrete hop frequencies in the FH frequency 
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set. A receiver which can be tuned to the hop frequencies by effectively time 

synchronizing with the incoming burst can demodulate and decode the incoming bursts. 

Apart from demodulation and decoding of the data, the estimated time offset and time-

of-arrival (ToA) of the burst signal can also be used for ranging. Based on ToA of the 

burst at multiple anchor nodes, whose position information is known apriori, the 

transmitter’s location could be determined. Knowledge of location information can be 

effectively used to improve the wireless communication link efficiency and also efficient 

frequency reuse in CRs through directed transmissions [41, 43]. 

Preambles and pilot symbols are commonly used for timing and frequency 

synchronization. In one of the widely used OFDM systems, IEEE 802.11a WLAN 

standard [29], repetitive preamble sequences have been defined. More recently in 

DirectNet waveform [44], which is being developed for highly mobile, directional, high-

data-rate, adhoc, mesh communications networks, multiple and repetitive preambles are 

defined for AGC, Doppler compensation and equalizer training. In high mobility 

environments, multipath propagation attenuates and distorts the preamble sequence 

further making the time synchronization task difficult. The preamble detection is also 

affected by carrier frequency offset, which can be due to reference clock offset or in high 

mobility environments where fixed Doppler frequency presents itself as carrier frequency 

offset, which biases the timing offset estimate. In such scenarios, multiple preamble 

symbols are used. Generally, in a receiver, the preambles are used to first estimate the 

appropriate receiver front-end gain (Automatic Gain Control, AGC), and then estimate 

the time and frequency offset and correct it. Unlike in wired OFDM systems, in wireless 

systems, short bursts prohibit long preamble sequences. Preamble sequences need to be 
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sufficiently long to precisely estimate both time and frequency offsets and in some cases 

are also used for the initial estimate of the propagation channel. 

Estimation of time offset for synchronization through correlation over multiple 

periodic or repetitive preamble / training symbol lengths consumes extra computation 

resources in the receiver. Hence it needs to be performed with reduced complexity for 

efficient hardware implementation. Generally correlation (either autocorrelation or cross 

correlation) is used for achieving synchronization. Different algorithms for timing 

synchronization have been proposed [48, 73]. In OFDM systems, post-FFT, channel 

estimation and equalization are performed in the receiver [47]. Though the equalizer is 

capable of estimating the fine time offset, a pre-FFT coarse synchronization is still 

needed. By adopting the schemes used for pre-FFT synchronization, a novel post-FFT 

method has been proposed in [45]. However, this introduces large delay in fine time 

offset estimation, whose effect can be easily compensated in an equalizer [99]. However, 

in burst communications, the pilot data is desired to be kept to the minimum so as to 

maximize the information data and this could compromise the performance of the 

equalizer. Hence the post-FFT method in [45] will not be suitable for burst mode 

transmissions where the synchronization has to be achieved much faster to avoid straining 

the equalizer. But it is valid for continuous transmissions such as DVB-T broadcast 

systems [46] which have sufficient pilot data for equalizer to perform optimally. Hence, 

correlation based synchronization schemes are preferred for burst communication systems 

as they perform time synchronization before the FFT processing in OFDM systems. 

2.2.1 Burst Synchronization through Correlation 

Synchronization is proposed to be achieved through specific frequency tones 

modulated along with data in OFDM/FM mobile radio communications in [48]. These 
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tones were detected based on frequency domain correlation in the receiver.  A similar 

frequency domain correlation approach is detailed in [49] with specific pilot tones used 

for synchronization. Subsequently as communications evolved into burst signal 

communications, more sophisticated pilot, training and preamble structures have been 

proposed, thus leading to development of equally sophisticated time domain and 

frequency domain correlation techniques for synchronization. 

Correlation based synchronization can be classified broadly into two schemes: 

1. Autocorrelation based synchronization 

2. Cross-correlation based synchronization 

In autocorrelation based synchronization, the received signal is correlated with a time 

shifted version of itself. With repetitive preambles or training symbols, or in some cases 

cyclic-prefixes, this leads to an output which results in a plateau-like timing metric [50, 

51]. In cross-correlation based synchronization, a stored replica of the transmitted 

preamble or training symbol is correlated with the received signal. The cross-correlation 

of the periodic or repetitive symbols results in multiple peaks [52, 53]. 

A number of synchronization schemes have been proposed for frame synchronization 

in OFDM Systems for different operating scenarios. In [50], Schmidl and Cox have 

proposed to determine the start of frame, and carrier frequency offset (CFO) by 

correlating the training sequence of two symbols lengths. Each of the training symbols are 

made up of pseudo-noise sequences, with the first training symbol divided into two 

identical halves and transmitted over all the subcarriers of the OFDM signal. 

Synchronization is achieved by looking for two identical halves of the first training 

symbol and subsequently by correlating with the second training symbol, which is 

transmitted only on odd-subcarriers, the frequency offset is corrected. The timing metric 
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is a plateau, but still allows for robust frame synchronization for OFDM symbol timing 

estimate. However, in low SNR scenarios, synchronization becomes less reliable and the 

mean square error is large [54]. Moreover, possible DC-offset in receiver front end which 

will increase the autocorrelation magnitude could also limit the algorithm’s performance. 

This coupled with fluctuating received signal level due to carrier frequency offset and 

unsettled AGC in receiver front end presents relatively high uncertainty on the timing 

offset estimation. To address the issue of plateau like timing metric arising out of the 

method presented in [50], a modified preamble has been proposed in [55]. They have 

proposed a preamble with positive samples in the first half and negative samples for the 

second half of the preamble. This eliminates the plateau like timing metric but the timing 

estimation error in inter-symbol interference (ISI) channel environments is still high. For 

this purpose, in [54], another modified preamble structure with symmetric alternate 

preambles for upto four preamble symbols is proposed. This leads to a single timing 

metric, but the correlation length is increased to twice the preamble length. In order to 

reduce the false alarm probability, segments of high correlated preamble symbols are 

combined linearly to determine the timing synchronization in [56]. This method takes into 

account the difference in power of data and preamble symbols from different users as 

802.16 is an Orthogonal Frequency Division Multiple Access (OFDMA) based standard. 

This method is also dependent on the segments of the preamble which have high 

correlation, which in turn is dependent on multipath scenarios. Segmented processing of 

preambles is also proposed in [57], which uses different preambles sequences to 

distinguish different users and achieve timing synchronization through segmented moving 

autocorrelation of time domain preambles. Autocorrelation for Coarse time 

synchronization and cross-correlation for symbol time synchronization has been proposed 
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in [58]. This increases the complexity of the overall hardware, hence a reduced bit-width 

hardware implementation has also been proposed in [58]. However, issues due to 

multipath and carrier frequency offset, possibility of diminished cross-correlation peak 

and plateau like timing metric due to auto-correlation still remain. Further to reduce the 

complexity in synchronization, a data partitioning approach along with a dynamic 

threshold setting for detection of the symbol time offset is proposed in [59]. The dynamic 

threshold is proposed based on the channel condition and is derived as a function of auto-

correlation across multiple preamble symbols. The data partitioning approach reduces the 

number of samples used for correlation. However, as mentioned in [59] this is more 

suitable for UWB systems where the redundancy is generally high. 

In [60], the threshold for detection of the symbol timing offset estimator is selected 

based on channel conditions, but instead of dynamic threshold setting, the threshold is 

selected based on the Gaussian distribution’s mean and variance for AWGN and 

subsequently apply a strategy for detection declaration in multipath simulations. Though 

this is possible for simulations, in the case of actual implementation, differentiating 

AWGN and multipath scenarios is difficult, which would result in poor or overly cautious 

detection performance.  

Instead of estimating the symbol time offset and correcting the offset, in [61], after 

coarse synchronization, the problem is converted to estimating the channel’s first path 

delay. The path delay estimation is performed after FFT and a Delay Locked Loop (DLL) 

is used to correct the clock by tracking the pilot sub-carrier in OFDM systems. This 

requires the use of dedicated pilot sub-carriers in the OFDM waveform design and cannot 

be applied to other burst signal modulation formats.  
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Maximum Likelihood (ML) estimation of the time offset is presented in [62 - 64]. In 

[62], a joint ML time and frequency offset estimator is presented for OFDM systems. 

Cyclic prefix (CP) information is used for estimating both time and frequency offset. This 

method would not be suitable for burst systems other than OFDM, which may not have 

CP like structure within the signal. The joint ML estimator presented in [63] also 

correlates the adjacent repetition patterns or specific patterns which are present in the 

burst signal. It is also suggested to separate the estimation of time and frequency offsets 

in order to reduce the implementation complexity. The ML estimator presented in [64] 

makes use of the antenna diversity gain to improve the estimator’s performance. This 

method also uses the CP information as in [62]. Antenna diversity is used for time offset 

estimation in [65]. The method is valid for both single carrier burst and OFDM signals. In 

this method, it is assumed that the pilot symbol consists of two periods of a chirp signal. 

These can be considered as preamble symbols, as in rest of the proposed techniques. The 

preambles (chirp signals) are correlated in multiple antenna paths and are combined to 

determine the timing offset which is similar to that in other single antenna systems. The 

effects of different antenna combining techniques such as Equal Gain Combining (EGC) 

or Maximum Ratio Combining (MRC) or Selection Combining (SC) have also been 

discussed in [65]. An ML estimator for synchronization is also presented in [66]. In this, 

the frequency offset estimation is extended to up to half of the useful bandwidth. It is also 

proposed to reduce the complexity by using only the sign-bit of the quadrature signals. 

Though this reduces the complexity, it is not suitable for all types of preamble sequences. 

Over frequency selective fading channels, Speth et. al in [67] have shown that any 

error in frame synchronization will affect channel estimation performance and the overall 

performance of the link. They suggest that since synchronization time is not important, 
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the metrics used for frame synchronization can be averaged over multiple frames to 

achieve frame synchronization. However, this will increase the time required to achieve 

synchronization and delay the entry of the node into a network. To improve frame 

synchronization, specific preamble structures such as the sandwiched preambles were 

exploited for timing synchronization by Muller et. al in [68]. Though this reduces the 

overall training sequence overhead because sandwiched preambles can also be used as 

training sequences for channel estimation, performance in high multipath and Doppler 

environments is doubtful and it has not been characterized. In [69], the frequency domain 

pilots in an OFDM system are interpreted in time domain for the purpose of 

synchronization. This method results in different approaches depending on the 

propagation channel environment. One method for when the channel length is comparable 

to or longer than the cyclic prefix length and a different method when channel length is 

less than the cyclic prefix length, Here, the issue is that the channel length is not known 

prior to actual synchronization and channel estimation. In [70], for frequency selective 

channels, synchronization in achieved by determining the effects of symbol offset errors 

on the decoded OFDM symbol constellation. For this purpose specific reference symbol 

structure has been proposed in [70]. 

The effects of timing synchronization errors on OFDM systems in high mobility 

environments have been well quantified in [71]. In this work, synchronization is achieved 

with inputs from channel estimators which are aided by pilot signals. Specific training 

symbols which have desirable timing metrics such as steep roll off have been proposed to 

aid in synchronization. When channel estimation is carried out with such specifically 

designed training symbols, fine timing estimate and robustness against frequency offsets 

is also achieved [55]. In [72], a two-step approach to synchronization has been presented. 
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In the first step, a coarse synchronization is achieved through correlation of the long 

preamble of 802.16d and then followed by fine synchronization, which is accomplished 

through correlation of the second OFDM symbol of the long preamble in the second step. 

Though, this is likely to produce a sharp impulse like timing metric, it is not suitable for 

high mobility environments as it still relies on the method proposed in [50]. 

Specialized time domain sequences such as constant envelop preambles have been 

proposed in [73]. These are Constant Amplitude Zero Autocorrelation (CAZAC) 

sequences, which have two identical halves. These are very useful as preamble sequences 

as they are nearly immune to any Peak to Average Power Ratio (PAPR) issues at the 

transmitter. However, the timing estimate performed in [73] is based on the methods 

presented in [50, 54, 55] has the same limitations as that in these methods. 

Zadoff-Chu (ZC) sequences discussed in [74], which are Constant Amplitude Zero 

Auto Correlation (CAZAC) sequences, have recently been used as preambles in LTE and 

LTE-Advanced Standards [75]. With ZC sequences as preambles, Cyclic Prefix (CP) and 

Cyclic Suffix (CS) are added and cross-correlation over multiple preamble symbols is 

performed to effectively estimate the time and frequency offset [52, 53]. The accuracy in 

estimating he fine time offset is still low and the reported timing estimation error is large, 

~>100 samples, for SNRs of -10dB and below. 

In cross-correlator based synchronization when multiple repetitive preambles are used, 

there are multiple peaks at the output of cross-correlator. The timing metric to determine 

the correct timing is by minimizing the metric which calculates the squared average 

distance between the peaks [50]. The magnitudes of the peaks are dependent not only on 

the signal and noise power but also on the encountered multipath scenario encountered. 

Varying peak magnitudes create ambiguity in detection of the peak and detection is 
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dependent on the set threshold. A simple solution for this problem is inverting successive 

transmitted preamble sequences, which give negative peaks after cross-correlation as has 

been proposed in [55] and [75]. However as pointed out in [55], this could also lead to 

high false detection probability and a new normalized timing metric generalized over 

multiple symbols is proposed in [55]. But still, the correlation over the entire multiple 

preamble symbol sequence needs to be carried out and multiple peaks will need to be 

detected, which is very challenging in a multipath environment. This is especially true 

when there is uncorrected carrier frequency offset, which will also vary the magnitude of 

the correlation peaks. The Symmetrical cross-correlation approach proposed in [77] 

produces pronounced cross-correlation peaks however at the cost of extra computation 

and still experiences high false detection probability as reported in [55]. The derived 

estimate of the timing offset is further affected by the presence of any carrier frequency 

offset as presented in [52, 53].  

These issues present an opportunity to develop computationally efficient 

synchronization techniques. Taking advantage of the repetitive preamble symbols, a novel 

time synchronization technique is presented in Chapter 4 of this thesis. 

2.2.2 Acquisition of Frequency Hopping Burst Signals 

Different FH acquisition mechanisms have been discussed and early studies [78, 79] 

have concluded that serial search schemes which step through the different possible 

frequency bins are simple to implement but have large acquisition times, especially when 

the number of discrete frequencies in the FH frequency set is large. Matched filter 

schemes have the advantage of faster acquisition time but the implementation hardware 

needed could be complex depending on the number of matched filters used. Combining 

the advantages of these two schemes is the two-level acquisition scheme [80], which has 
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the advantage of the fast acquisition time and the simpler implementation. However, 

when the number of active correlators is increased for better acquisition reliability, the 

hardware complexity also increases.  

Acquisition of FH signals in time, frequency and hop sequence can also be 

accomplished through frame synchronization [81], for which specific preamble structures 

and waveform features have been introduced in the transmit bursts which are then 

correlated at the receiver to achieve time synchronization [50]. In this thesis, in Chapter 5, 

an acquisition FH acquisition scheme is presented, which makes use of the proposed time 

synchronization method.  

2.2.3 Fractional Time Delay ToA Estimation  

Time synchronization of received preamble sequences in burst signals is required for 

demodulation and recovery of transmitted data. For this purpose, it is sufficient if the fine 

time estimate is within the guard interval (GI) time provisioned in the burst or within a 

few symbol times. This for OFDM systems is well analyzed in [82] and shown in Figure 

2.1. Due to the cyclic nature of the channel, this symbol time offset results in phase 

rotation for the OFDM sub-carriers with minimal inter-symbol interference (ISI) and 

inter-carrier interference (ICI). With further signal processing, such as with equalizers, the 

fine time offset is estimated, corrected and transmitted data recovered with minimal 

errors. 

However, in order to utilize the synchronization time offset estimate for ranging and 

localization, the received burst time offset estimate has to be better than that required for 

demodulation and data recovery. For this purpose, various ToA estimation algorithms 

have been proposed in literature. A number of high resolution time delay estimation 

algorithms have been discussed in published literature. In [83], multipath time delay for 
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broadband random signals is estimated through a maximum-likelihood estimator and a 

linear predictor estimator. These are used for two-path and three-path scenarios 

respectively. 

In indoor environments, the number of multipath is likely to be much longer. For time 

delay estimation of pulse-like signals, neural network based time delay estimator has been 

used in [84]. The time delay is estimated by relating received signal energy to a cost 

function of the time delay estimation. For large time-bandwidth product signals, time 

delay estimation has been estimated in time domain and frequency domain in [85]. In 

time domain, different multipath signals are modeled as signals with different attenuation 

and delays, these are correlated to derive the covariance matrix and MUSIC algorithm is 

applied for time delay estimation. 

 

 

Figure 2.1: Symbol time offset requirement in OFDM systems [82]. 
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In frequency domain approach, the time delays are estimated after resolving the 

different path’s complex gains through matched filter, Fourier transform and successive 

deconvolution.  Root multiple signal classification (Root-MUSIC) has been used for time 

delay estimation for a spread spectrum based localization system in [86]. Total least 

square-estimation of signal parameters via rotational invariance techniques (TLS-

ESPRIT) has been used in [87] for estimating the time delay. The problem of delay 

estimation has been converted to a problem of estimation of frequencies of complex 

sinusoids in a white nonstationary noise and TLS-ESPRIT has then been applied. In [88], 

for cases with less data samples, forward backward correlation matrix (FBCM) along with 

TLS-ESPRIT has been used for time delay estimation. In [89], after converting the 

estimating problem to the problem of complex sinusoid frequency estimation, wavelets 

are used to de-noise and then TLS-ESPRIT is applied for time delay estimation. The 

super-resolution ToA estimation algorithm proposed in [90] is a frequency domain 

algorithm based on MUSIC algorithm, which is applied on measurement data from a 

indoor radio propagation channel measurement campaign which effectively represents the 

indoor multipath channel. Performance gain with use of diversity techniques is also 

discussed with the introduction of Correlation Matrix Based Diversity Combining 

Scheme (CMDCS). Different diversity samples, time, space and frequency diverse 

samples, are combined to generate a single correlation matrix before eigenvalue 

decomposition in [90]. Though these super-resolution techniques can increase time-

domain resolution, these also increase complexity for a system implementation. 

Moreover, for OFDM-WLAN signals, different super-resolution algorithms have been 

evaluated in [91] and it has been reported that the ToA estimation accuracy leads to a 

spatial location resolution of 3 to 5 meters. In [92], three different approaches for ToA 
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estimation of OFDM-WLAN signals have been presented. In the first method, ToA is 

estimated based on Maximum Peak to Leakage Ratio (MPLR) of the channel impulse 

response (CIR). In the second approach, reconstruction of the Channel Frequency 

Response (CFR) is carried and the time delays are estimated based on the first CIR 

component and in the third method, time delay is estimated based on the real peak of first 

arrived signal path. These frequency domain ToA estimation methods assume that coarse 

symbol time synchronization has been carried out, which is followed by a fractional delay 

search after estimating the channel frequency response based on known pilots tones. A 

cross-correlation based approach wherein the long preambles of the OFDM-WLAN burst 

are cross-correlated with the locally stored long preamble replica has been proposed in 

[95]. After the coarse time delay estimation through cross-correlation, fine time delay 

adjustment is estimated based on the phase delay of the received signal. Received signal 

phase delay is estimated based on the gradient of a linear fit to the phase difference 

between the transmitted and received sub-carriers. This requires cross-correlation over the 

entire long preamble sequence, which will increase the number of computations and 

subsequently the hardware implementation complexity. In order to improve time 

resolution of the estimated time delay, high sampling rates have been used in [96]. 

Though this improves the time resolution, the number of samples used for cross-

correlation become large, which leads to complex hardware implementation and the 

performance deteriorates rapidly in multipath scenarios, requiring high SNR for reliable 

ToA estimates. 

None of the works published in literature make use of the multiple antennas, which are 

already introduced in the IEEE 802.11 standards, and provide a low complexity solution 

for hardware implementation. In this thesis, in Chapter 6, a low complexity algorithm is 



Chapter 2: Literature Review 

57 
 

presented to estimate fractional time-delay ToA using short preambles of the OFDM-

WLAN signal burst. This algorithm is an extension of the proposed timing 

synchronization algorithm presented in Chapter 4 and it is extended to the scenario where 

multiple antennas are available in the implementation. 

2.3 Conclusions 

In this chapter, the different spectrum sensing methods for detecting a primary signal 

have been presented. The most popular spectrum sensing algorithms are broadly 

classified under the following four categories: Energy detection, Matched filter detection, 

Wavelet-based detection and Feature detection (Cyclo-stationary based & Covariance-

based detection). Different algorithms available in literature have been briefly reviewed. 

These algorithms report to achieve different levels of sensing performance in different 

operational scenarios. Most of the algorithms which have better performance also tend to 

have higher implementation complexity. It would have been ideal if the reviewed 

algorithms could provide a mechanism to dynamically trade-off implementation 

complexity for detection performance. Moreover, the performance of the algorithms is not 

studied for burst signals, which are more are likely to be used in CR applications, where 

opportunistic use of spectrum is envisaged. Given that the sensing time is related to the 

sensing detection performance, for burst signals, it is a challenging task to achieve 

reliable spectrum sensing detection performance within the short duration of the burst 

signal. These conflicting requirements of lowering implementation complexity, reduced 

sensing time and high signal detection performance present an opportunity for 

development of novel spectrum sensing algorithms. In this direction, a low complexity 

spectrum sensing algorithm is presented in Chapter 3. 
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Apart from the review of spectrum sensing algorithms, this chapter also reviewed the 

different time synchronization algorithms and techniques used for estimating the start-of- 

frame time of the burst signal and fractional time-delay ToA of the signal. Time 

synchronization is usually achieved through auto-correlation or cross-correlation of the 

received signal. Different techniques involving transmission of multiple preamble 

symbols at the start of the burst and the use of different kinds of unique preamble symbols 

have been reviewed. Since time synchronization of the incoming burst is the first 

functional module in a receiver, it needs to be robust for operation in different 

propagation channel scenarios and against any receiver impairments such as carrier 

frequency offset or incorrect receiver gain. Along with robust time offset estimation, as 

time synchronization is performed at sample rate, the hardware implementation needs to 

be efficient in terms of power consumption, use of hardware resources and maximum 

clock speed that can be used in the implementation, again, these are conflicting 

requirements. In Chapter 4, a hardware efficient time synchronization algorithm has been 

presented along with efficient cross-correlator architecture. The proposed time 

synchronization is further adapted for fast acquisition of FH signals and for estimation of 

fractional time-delay ToA of OFDM-WLAN in Chapter 5 of this thesis. 
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3 Low Complexity Spectrum 
Sensing based on Segmentation 
and Decimation 

3.1 Overview 

In this chapter, a simplified correlation based sensing method is proposed.  It takes 

advantage of the band limited nature of the digitized received signals in the sensing 

receiver. The sensing receiver is assumed to be frequency agile, which can be tuned to 

different frequencies [1-4], and the digitizer sampling frequency is programmable. 

The spectrum sensing technique is based on the cross-correlation approach. In 

conventional correlation techniques, multiple correlations are performed before the 

presence of the signal is determined.  Most of these correlation operations are required to 

resolve the multiple peaks which occur at multiple cyclic frequencies present in the signal 

to be detected. In the proposed technique, the signal samples are segmented and 

decimated before performing the correlation. This eliminates multiple peaks at the output 

of the correlation function and thus reduces the complexity. Further, in the proposed 

technique, the segmented vectors are averaged over a period to average out the AWGN 

noise.  
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The proposed spectrum sensing technique can be used to detect burst signals and 

individual frequency components present in the primary signal. For example, in the case 

of detecting the Advanced Television Systems Committee Digital Television (ATSC 

DTV) signal, the presence of its pilot carrier is detected first by tuning the center 

frequency of the sensing receiver to the pilot carrier frequency and then the detection of 

other frequency components present in the DTV signal bandwidth can be carried out. 

Similarly, for detecting the analog TV signals, the sensing receiver’s center frequency can 

be tuned to either detect video carrier and/or audio carrier. The tuning of the sensing 

receiver can be out either by changing the RF Front-End local oscillator or by changing 

the sampling clock of the Analog to Digital Converter (ADC). In the proposed receiver, 

the RF local oscillator is tuned to down-convert the primary signal’s bandwidth and the 

ADC sampling clock is varied to place the desired frequency component at the center of 

the digitized passband signal. This is further explained in Section 3.2. In order to validate 

the performance for burst signals, a Quadrature Phase Shift Keying (QPSK) modulated 

narrowband signal is used in the simulations. During the detection process, at first, the 

received signal is digitized with a specific sampling frequency, and then the digitized 

samples are segmented to generate a set of vectors of digitized input samples. The 

segmented vectors are then decimated and averaged over a period of time. Cross-

correlation between two averaged vectors is performed, and the presence of primary 

signal is detected from the occurrence of peaks in the magnitude of correlation output. 

Further, by using FFT of the cross-correlator output, the performance is shown to be 

improved. In the proposed method, the correlation performed between two decimated 

vectors and the FFT are the major parts of the total computation. The rest of the 

computation is for segmentation and averaging of the digitized samples. 
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3.2 Spectrum Sensing Receiver 

A simplified block diagram of an ideal CR transceiver is shown in Figure 3.1. In the 

transmit path, a wideband power amplifier is connected to a broadband antenna. A digital 

processing block generates the required transmit samples.. In the receive path a broadband 

low noise amplifier (LNA) amplifies the RF signals from broadband antenna and the 

signal is digitized by a broadband analog to digital converter (ADC), with the digitized 

data being processed by a baseband processor to extract the information bits. There are 

several practical device limitations for realization of such an ideal architecture. 

    

Conventional broadband super heterodyne architectures with parameterized control, 

such as the one shown in Figure 3.2 are preferred in reconfigurable receivers.  

 

In such receivers, the available signal to any spectrum sensing implementation is 

limited by the intermediate frequency (IF) bandwidth of the IF filters used in the RF 

receiver. The sampling frequency used in the digitization at the ADC is also determined 

by the IF filter bandwidth to avoid aliasing in the digital samples. 

Duplexing

ADC
Digital processing 

block

Antennae

DAC

Low 
Noise 

Amplifier

Power 
Amplifier

 

Figure 3.1: Cognitive radio transceiver block diagram [93]. 
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Figure 3.2: Super heterodyne receiver block diagram [94]. 
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A simplified block diagram of a CR receiver assumed in the proposed spectrum 

sensing technique is shown in Figure 3.3. The received RF signal with center frequency 

‘𝑓𝑓𝑐𝑐’ and bandwidth ‘𝐵𝐵’ is down converted in an analog RF downconverter to a passband 

signal of IF frequency ‘𝑓𝑓𝐼𝐼𝐼𝐼’. The local oscillator signal of frequency ‘𝑓𝑓𝑜𝑜𝑜𝑜𝑜𝑜’ used for 

frequency down conversion is generated with a reference oscillator of frequency ‘𝑓𝑓𝑟𝑟𝑟𝑟𝑟𝑟’.  

 

Depending on the received channel frequency of interest ‘𝑓𝑓𝑐𝑐’, the local oscillator is 

tuned to a particular frequency ‘𝑓𝑓𝑜𝑜𝑜𝑜𝑜𝑜’ based on the receiver’s IF frequency ‘𝑓𝑓𝐼𝐼𝐼𝐼’. 

 

The analog IF passband signal is bandlimited by an IF filter inside the analog RF 

downconverter. The filtered passband IF signal is digitized by an ADC with a sampling 

clock of frequency ‘𝑓𝑓𝑠𝑠’. The sampling clock is also generated from the same reference 

clock as the local oscillator signal. This sampling clock is varied dynamically to select the 

frequency of the spectrum which is intended to be detected in the proposed spectrum 

sensing technique. The sampling clock of frequency ‘𝑓𝑓𝑠𝑠’ used to digitize the down-

converted passband signal is chosen such that it satisfies the Nyquist criterion. 

 

The digitized passband digital IF signal, is centered around ‘𝑓𝑓𝑑𝑑𝑑𝑑𝑑𝑑’, which is dependent 

on the sampling frequency (𝑓𝑓𝑠𝑠) and the IF frequency (𝑓𝑓𝐼𝐼𝐼𝐼). For �𝑓𝑓𝐼𝐼𝐼𝐼 + 𝐵𝐵
2
� = 𝑘𝑘𝑘𝑘 with ‘𝑘𝑘’ 
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Figure 3.3: Block diagram of proposed CR receiver. 

𝑓𝑓𝐼𝐼𝐼𝐼 =  𝑓𝑓𝑐𝑐  ±   𝑓𝑓𝑜𝑜𝑜𝑜𝑜𝑜                                      (3.1)  

𝑓𝑓𝑠𝑠 ≥  2(𝑓𝑓𝐼𝐼𝐼𝐼 + 𝐵𝐵/2)                                   (3.2)  
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being an odd integer and 𝑓𝑓𝑠𝑠 = 2𝐵𝐵, the digitized signal is a prefect down converted IF 

signal along with perfectly interweaved shifted spectral replicas [39]. This is shown in 

Figure 3.4(a). Further, as shown in Figure 3.4(b), when ‘𝑘𝑘’ is even, the perfectly 

interweaved shifted spectral replicas are present but the spectrum is flipped. In the more 

general case when �𝑓𝑓𝐼𝐼𝐼𝐼 + 𝐵𝐵
2
� ≠ 𝑘𝑘𝑘𝑘 the sampling frequency should meet the criteria in 

(3.3) to avoid any aliasing [39]. 

 

 

 

To tune the spectrum sensing receiver for detecting different frequency components in 

the received signal, the sampling clock frequency (𝑓𝑓𝑠𝑠), which satisfies (3.3), could be 

changed dynamically by tuning the frequency synthesizer that generates the sampling 

clock for the ADC. The same can also be achieved by fixing the sampling clock 

frequency to a fixed frequency and tuning the local oscillator frequency ‘𝑓𝑓𝑜𝑜𝑜𝑜𝑜𝑜’ such that 

the different frequency components of the receiver’s RF input signal are mixed with the 

local oscillator signal to be downconverted to the desired IF signal. 

The digitized samples ‘𝑥𝑥𝑛𝑛’ of the IF signal which represent the passband signal are 

centered around the IF (𝑓𝑓𝐼𝐼𝐼𝐼). These samples are processed to demodulate and decode the 

 

Figure 3.4: Bandpass sampling spectral replicas [39]. 

�
2�𝑓𝑓𝐼𝐼𝐼𝐼+

𝐵𝐵
2�

𝑘𝑘
 ≤  𝑓𝑓𝑠𝑠  ≤  

2�𝑓𝑓𝐼𝐼𝐼𝐼−
𝐵𝐵
2�

𝑘𝑘−1
�  𝑎𝑎𝑎𝑎𝑎𝑎 �𝑘𝑘 ≤

�𝑓𝑓𝐼𝐼𝐼𝐼+
𝐵𝐵
2�

𝐵𝐵
�                  (3.3) 

         



Chapter 3: Low Complexity Spectrum Sensing based on Segmentation and Decimation 

 64 

transmitted information. Though the modulated information is with a definite passband 

bandwidth, on the received signal is randomized, the IF over which it is downconverted to 

is periodic in nature. The periodicity of the digitized IF is exploited for signal detection in 

the proposed scheme. However, since the periodicity is embedded in the randomized 

modulated signal, the proposed scheme extracts the hidden periodicity and detects the 

presence of signal. The sensing result is used to determine if the frequency band is 

occupied or free for use by a CR. 

3.3 Proposed Low-Complexity Spectrum 
Sensing Technique 

The digitized passband samples (𝑥𝑥𝑛𝑛) represent the sum of all the time domain samples 

of all the frequency components in it. To extract the digital samples representing a 

particular frequency component one could use a narrowband filter. But to realize a sharp 

cut-off narrowband filter, a high-order digital filter would be required. This will increase 

the hardware resource needed for implementation. In this section a novel segmentation 

and decimation technique is proposed to extract the samples of a single frequency 

component and use those for detecting the presence of that frequency component. 

3.3.1 Segmentation and Decimation 

The digitized passband samples ‘𝑥𝑥𝑛𝑛’ are a continuous stream of data samples which 

are oversampled at the rate ‘𝑂𝑂𝑠𝑠’ and are the input to the spectrum sensing algorithm. The 

proposed algorithm, arranges the continuous stream of data samples into segments, each 

of length ‘𝑖𝑖’. These segmented vectors are represented as ‘𝒀𝒀𝑢𝑢’. 

 

 
𝒀𝒀𝑢𝑢 = � 𝑥𝑥𝑛𝑛+1 𝑥𝑥𝑛𝑛+2 𝑥𝑥𝑛𝑛+3 … 𝑥𝑥𝑛𝑛+(𝑖𝑖−2) 𝑥𝑥𝑛𝑛+(𝑖𝑖−1) 𝑥𝑥𝑛𝑛+𝑖𝑖�     (3.4)            
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where 𝑢𝑢 = {1, 2, … 𝑖𝑖}, 𝑛𝑛 = 𝑖𝑖(𝑢𝑢 − 1), 𝑖𝑖 =  2𝑡𝑡𝑂𝑂𝑠𝑠,  and ‘𝑡𝑡’ is zero or any positive integer. 

Exactly ‘𝑖𝑖’ such segmented passband sample vectors (𝒀𝒀𝑢𝑢, where 𝑢𝑢 = {1, 2, … 𝑖𝑖}) are 

grouped to form a block of vectors ‘𝐵𝐵𝑣𝑣’. ‘𝑣𝑣’ such blocks, each of ‘𝑖𝑖’ vectors are formed.  

 

 

 

.  

 

 

The diagonal elements of this ‘𝑖𝑖 × 𝑖𝑖’ passband sample matrix are extracted to form a 

vector ‘ 𝑺𝑺𝑣𝑣’. This ‘𝑖𝑖 × 𝑖𝑖’ sample matrix could also be viewed as a segmented vector of 

digitized passband samples of length ‘𝑖𝑖2’, which are then decimated to generate the vector 

‘ 𝑺𝑺𝑣𝑣’. Hence, these vectors are termed “intra-segment decimated vectors” (ISDV).  The 

elements of a sequence of samples starting with sample ‘ 𝑥𝑥1’ are shown encircled in (3.6) 

for the ISDV ‘𝑺𝑺1’ given in (3.7). 

 
 

 

and 

 

Similarly subsequent vectors 𝑺𝑺3,𝑺𝑺4, … ,𝑺𝑺𝑣𝑣 are computed. 
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𝑥𝑥𝑖𝑖2+𝑖𝑖(𝑖𝑖−1)+1 𝑥𝑥𝑖𝑖2+𝑖𝑖(𝑖𝑖−1)+2 … … … 𝑥𝑥2𝑖𝑖2

… … … … … … ⎦
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎤

    (3.6)  

𝐵𝐵𝑣𝑣 =

⎣
⎢
⎢
⎢
⎢
⎢
⎡
𝒀𝒀1
𝒀𝒀2
.
.
.

𝒀𝒀𝑖𝑖−1
𝒀𝒀𝑖𝑖 ⎦

⎥
⎥
⎥
⎥
⎥
⎤

=  

⎣
⎢
⎢
⎢
⎢
⎢
⎡

 𝑥𝑥1 𝑥𝑥2 𝑥𝑥3 … … … . 𝑥𝑥𝑖𝑖−2 𝑥𝑥𝑖𝑖−1 𝑥𝑥𝑖𝑖
 𝑥𝑥𝑖𝑖+1 𝑥𝑥𝑖𝑖+2 𝑥𝑥𝑖𝑖+3 … … … 𝑥𝑥𝑖𝑖+(𝑖𝑖−2) 𝑥𝑥𝑖𝑖+(𝑖𝑖−1) 𝑥𝑥2𝑖𝑖

.

.

.
 𝑥𝑥(𝑖𝑖−2)𝑖𝑖+1 𝑥𝑥(𝑖𝑖−2)𝑖𝑖+2  …  𝑥𝑥(𝑖𝑖−2)𝑖𝑖+(𝑖𝑖−1) 𝑥𝑥(𝑖𝑖−1)𝑖𝑖
 𝑥𝑥(𝑖𝑖−1)𝑖𝑖+1 𝑥𝑥(𝑖𝑖−1)𝑖𝑖+2 … …  𝑥𝑥(𝑖𝑖−1)𝑖𝑖+(𝑖𝑖−1) 𝑥𝑥𝑖𝑖2 ⎦

⎥
⎥
⎥
⎥
⎥
⎤

   (3.5)   

𝑺𝑺1 = [𝑥𝑥1  𝑥𝑥𝑛𝑛𝑛𝑛+2  𝑥𝑥2𝑖𝑖+3   …    𝑥𝑥𝑖𝑖2]             (3.7)                               

𝑺𝑺2 = [𝑥𝑥𝑖𝑖2+1  𝑥𝑥𝑛𝑛𝑛𝑛2+𝑖𝑖+2 … … …    𝑥𝑥2𝑖𝑖2]       (3.8)                        
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The sample index of the samples in each segmented vector ‘𝑺𝑺𝑣𝑣’ can be computed 

based on the length of each vector ‘𝑖𝑖’ and the total number of generated ISDVs ‘𝑚𝑚’. 

‘𝑺𝑺𝑣𝑣,𝑒𝑒’, the ‘𝑒𝑒𝑡𝑡ℎ’ sample in the ‘𝑣𝑣𝑡𝑡ℎ’ ISDV is given by 

 

𝑒𝑒 = {1, 2, … , 𝑖𝑖} is the element index within each vector of length ‘𝑖𝑖’ and 𝑚𝑚 =

{1, 2, … , 𝑖𝑖}, is the vector index within the set  of ‘𝑚𝑚’ vectors. 

This process of generating the ISDVs by segmenting and decimating the digitized 

samples is quite different from conventional decimation. In conventional decimation, the 

decimated sample after sample ‘𝑥𝑥𝑖𝑖2’ would have been ‘𝑥𝑥𝑖𝑖2+𝑖𝑖+1’. In the proposed scheme, 

it is the start of another ISDV with sample ‘𝑥𝑥𝑖𝑖2+1’. The physical significance of this 

segmentation and decimation is shown in Figure 3.5. 

When the digital samples of a sinewave which has been oversampled by 8x, as shown 

in Figure 3.5(a), is segmented with ‘𝑖𝑖 = 4’, the segmented blocks ‘𝐵𝐵1,𝐵𝐵2,𝐵𝐵3, …’ each of 

sample length ‘𝑖𝑖2 = 16’ are shown. If this digitized sinewave is visualized to be 

decimated with ‘(𝑖𝑖 + 1) = 5’, then the samples in each segment, ‘𝑺𝑺1’are shown in Figure 

3.5(b), Figure 3.5(c) and Figure 3.5(d). The decimation factor of 5 is for this particular 

illustration’s visualization only. The proposed scheme performs the segmentation and 

decimation by creating sample vectors, blocks out of those vectors and selecting the 

diagonal elements of the block for decimation as in (3.5), (3.6) and (3.7). 

 The segments shown in Figure 3.5(b) are generated by performing segmentation first 

on the digital samples and followed by conventional decimation, as can been these 

segments are not identical to each other. However, Figure 3.5(c) shows the samples which 

are segmented, each of segment length ‘𝑖𝑖 = 4’. These segments are generated by 

performing segmentation after conventional decimation. It can be seen in Figure 3.5(c) 

that the time-domain envelop of the samples in each segment is not the same. 

𝑺𝑺𝑣𝑣,𝑒𝑒 = 𝑥𝑥𝑛𝑛, where 𝑛𝑛 = 1 + 𝑖𝑖2(𝑣𝑣 − 1) + (𝑖𝑖 + 1)(𝑒𝑒 − 1)        (3.9)     
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(a) Sinewave sampled at 8x and segmented into blocks of 16 samples 

 

(b) Samples in each segment after conventional decimation 

 

(c) Samples in each segment, segmentation after conventional decimation 

 

(d) Sample in each segment, proposed segmentation and decimation 

Figure 3.5: Conventional and proposed segmentation and decimation, for i= 4. 
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They are inverse of the time-domain envelop of the samples in the adjacent segment..  

Figure 3.5(d) shows the samples in each segment as decimated by the proposed 

segmentation and decimation process. It can be seen that the proposed method produces 

identical segments in Figure 3.5(d). The identical nature of segmented and decimated 

samples (ISDV samples) is used to determine the presence of a signal. 

Each element of the segmented vector ‘𝑺𝑺𝑣𝑣,𝑒𝑒’ is made up of the desired signal 

component and a noise component. Since the additive noise has zero correlation over a 

period of time, for a fixed threshold, increasing the number of samples ‘𝑖𝑖’ in each ISDV 

vector, which is akin to increasing the oversampling ratio and oversampling gain, also 

improves the noise immunity of the proposed sensing technique.  

3.3.2 Averaging 

For this the sequence of generated ISDVs are grouped into ‘𝑘𝑘’ blocks, with each block 

containing ‘𝑚𝑚’ ISDVs. This block of ‘𝑚𝑚’ ISDVs are averaged to generate an averaged 

ISDV denoted as ‘𝑨𝑨𝑘𝑘’. 

 

Increasing the number of ISDV vectors ‘𝑚𝑚’ in each block for averaging, also improves 

the noise performance of the proposed sensing technique as the additive noise is averaged 

out over longer period of time. 

𝑨𝑨𝑘𝑘 =
1
𝑚𝑚

� �𝑺𝑺𝑣𝑣,𝑒𝑒�
(𝑘𝑘−1)𝑚𝑚+𝑚𝑚

𝑣𝑣=(𝑘𝑘−1)𝑚𝑚+1

, 𝑒𝑒 = {1, 2, … , 𝑖𝑖} 𝑎𝑎𝑎𝑎𝑎𝑎 𝑘𝑘 = {1, 2, … }     (3.10)  
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3.3.3 Cross-Correlation 

The presence of the signal to be detected is determined by cross-correlating any two 

averaged vectors (𝑨𝑨𝑝𝑝 and 𝑨𝑨𝑞𝑞) and the output vector, 𝑹𝑹𝑝𝑝𝑝𝑝, is used for determining the 

occupancy of the passband channel. 

 

 
Substituting (3.10) in (3.11) we have 

 

 

where 𝑝𝑝 ≠ 𝑞𝑞  &  𝑝𝑝 & 𝑞𝑞 = {1, 2, … ,𝑘𝑘} 

3.3.4 Threshold and Decision 

The magnitude of the cross-correlator output �𝑅𝑅𝑝𝑝𝑝𝑝(𝑗𝑗)� is an indicator of the presence of 

the signal. This is compared against a threshold to determine the occupancy. The 

magnitude is maximum when the two averaged ISDV vectors are identical. In such a 

case, depending on the peak value of the cross-correlator output, it is determined that the 

signal is present. However determining this threshold for comparison is difficult and is 

dependent on the noise power. Hence the FFT of the cross-correlator is taken. 

 

 

 

For an ideal scenario, in the presence of signal with high SNR, 𝑨𝑨𝑝𝑝 and 𝑨𝑨𝑞𝑞 are identical 

and (3.12) yields a single peak at a frequency bin in FFT output dependent on the number 

of samples ‘𝑖𝑖’ in the ISDV vector. The presence of the signal is determined using this 

property.    

𝑅𝑅𝑝𝑝𝑝𝑝(𝑗𝑗) = �(𝐴𝐴𝑝𝑝(𝑙𝑙)𝐴𝐴𝑞𝑞(𝑙𝑙 + 𝑗𝑗))
𝑖𝑖−1

𝑙𝑙=0

, where 𝑝𝑝 ≠ 𝑞𝑞  &  𝑝𝑝 & 𝑞𝑞 = {1, 2, … , 𝑘𝑘}   (3.11)  

   

𝑇𝑇 = 𝐹𝐹𝐹𝐹𝐹𝐹(�𝑅𝑅𝑝𝑝𝑝𝑝(𝑗𝑗)�), where 𝑝𝑝 ≠ 𝑞𝑞  &  𝑝𝑝 , 𝑞𝑞 = {1, 2, … ,𝑘𝑘}         (3.14)  

𝑅𝑅𝑝𝑝𝑝𝑝(𝑗𝑗) =
1
𝑚𝑚2��� � 𝐒𝐒𝑣𝑣,𝑒𝑒

𝑝𝑝
(𝑙𝑙−1)𝑚𝑚+𝑚𝑚

𝑣𝑣=(𝑙𝑙−1)𝑚𝑚+1

�� � 𝐒𝐒𝑣𝑣,𝑒𝑒
𝑞𝑞

(𝑙𝑙+𝑗𝑗−1)𝑚𝑚+𝑚𝑚

𝑣𝑣=(𝑙𝑙+𝑗𝑗−1)𝑚𝑚+1

��
𝑖𝑖−1

𝑙𝑙=0

   (3.12)  

 
 

   

𝑇𝑇𝑚𝑚𝑚𝑚𝑚𝑚 = �𝑅𝑅𝑝𝑝𝑝𝑝(𝑗𝑗)�,   where 𝑝𝑝 ≠ 𝑞𝑞  &  𝑝𝑝 , 𝑞𝑞 = {1, 2, … ,𝑘𝑘}         (3.13)  
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3.4 Complexity Analysis 

The proposed sensing method has four major computational steps. Segmentation and 

decimation, averaging, cross-correlation and the FFT in the decision making process. The 

computational complexity of the proposed ISDV cross-correlation based sensing 

technique is presented in Table 3.1. The number of real multiplications and additions are 

listed for each sub-operation, and are presented in terms of the number of samples per 

vector ‘𝑖𝑖’, and the number vectors ‘𝑚𝑚’ in each block, which are averaged before cross-

correlation. 

Table 3.1: Proposed spectrum sensing’s computational complexity 

Computation Step Real Multiplications Real Additions 
Segmentation and 
Decimation 

4𝑖𝑖 2𝑚𝑚(𝑖𝑖2 + 2) 

Normalization and 
Averaging 

2𝑚𝑚 + 3𝑖𝑖 + 2𝑚𝑚𝑚𝑚 + 1 (2𝑖𝑖 − 1)(2𝑚𝑚 + 1) + 2𝑖𝑖(2𝑚𝑚 − 1) +
2𝑚𝑚(2𝑛𝑛 − 1)  

Correlation 𝑖𝑖(𝑖𝑖 − 1) (𝑖𝑖 − 1) 
FFT 𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖(𝑖𝑖) 𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖(𝑖𝑖) 
Total 𝑖𝑖2 + 8𝑚𝑚 + 4𝑖𝑖 + 𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖(𝑖𝑖) + 1 6𝑖𝑖2𝑚𝑚 + 8𝑚𝑚 + 𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖(𝑖𝑖) + 2 

 
The computations involved in the segmentation and decimation process for deriving 

the index of the individual samples are the major part of complexity of the proposed 

technique. The determination of sample index can be performed using a simple control 

circuit for segmentation and decimation at the front-end of digital processing, with very 

low complexity. The total computational complexity when a control circuit is used, would 

amount to [𝑖𝑖2 + 2(𝑚𝑚 + 𝑖𝑖) + 2𝑚𝑚𝑚𝑚 + 𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖(𝑖𝑖) + 1] multiplications and [12𝑚𝑚𝑚𝑚 + 𝑖𝑖 − 4𝑚𝑚 +

𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖(𝑖𝑖) − 2] additions, which are the computations required only for normalization, 

averaging, cross-correlation and FFT as given in Table 3.1. The number of computations 

increases with the number of vectors ‘𝑚𝑚’ and the number of samples per vector ‘𝑖𝑖’. This 

allows for trading off the performance for complexity by appropriately selecting 𝑚𝑚 and 𝑖𝑖. 

The simplest known autocorrelation-based detection scheme of [32] computes the 
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decision variables for detection of frequency component based on the sum of 𝑛𝑛 auto-

correlation vectors for detection of each frequency component. The complexity of 

proposed technique is only ≅ 1/𝑖𝑖 times of the method in [32], as only one cross-

correlation is performed for deriving correlation vector which is used for detection of 

each frequency component. 

3.5 Simulation Studies 

The proposed sensing technique based on ISDV cross-correlation has been validated 

with the help of MATLAB simulations. The simulations are based on computer generated 

signals and captured data samples. As the proposed technique is different from 

conventional approaches to spectrum sensing, the ISDV correlation technique was first 

validated with single tone signal, and then with multi-tone signals generated through 

computer simulations. Captured signals and a QPSK modulated narrowband burst signal 

were used to further validate the proposed technique. The captured real world signals used 

were conforming to ATSC DTV signal format [97] and Analog TV signal format [98]. 

ATSC DTV signal is a 6MHz bandwidth, 8-VSB modulated signal with flat spectrum 

except for the band edges. The spectral components of the ATSC signal are shown in 

Figure 3.6. At the suppressed carrier, 310KHz from the lower frequency band edge a pilot 

is inserted. The pilot carrier is detected in the proposed sensing method. The analog TV 

signal used in the simulation is of PAL-B format with 8MHz bandwidth spectrum. The 

frequency components of PAL-B signal are shown in Figure 3.7.  

The PAL-B signal contains a video carrier, audio carrier and color-subcarrier signals 

along with FM sound, chroma and vision sidebands. The proposed method is used to 

sense the video and audio carrier signals. The QPSK modulated burst signal with a 

bandwidth of 50KHz and burst duration 10msec has been generated at digital IF of 1MHz 
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and 2MHz. The sample rate used was 40MHz and different sensing durations over 

different multipath channels were used for detection. 

 

  

A single-tone signal with a frequency of 25MHz was generated at a sampling 

frequency of 250MHz. A Multi-tone signal with 5 frequency components at 21MHz, 

23MHz, 25MHz, 27MHz and 29MHz, was generated with a sampling frequency of 

250MHz. The 25MHz signal was considered as the desired signal component whose 

presence needs to be detected. The input spectrum, resultant averaged ISDV vectors and 

the cross-correlator output for single-tone and multi-tone signals are shown in Figure 3.8. 

In the simulation ‘𝑖𝑖’ is set as 10. Figure 3.8(a) shows the averaged ISDV and cross-

correlator output for single tone input and Figure 3.8(b) shows the averaged ISDV and 

 

Figure 3.6: ATSC DTV 8-VSB spectrum [97]. 

 

Figure 3.7: PAL-B Analog TV spectrum [98]. 
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cross-correlator output for multi-tone signal. The peak of the cross-correlator output is at 

the sample index ‘𝑖𝑖’, as can be seen in Figure 3.8. 

 

The presence of the desired signal is determined by comparing the magnitude of 

sample index ‘𝑖𝑖’ of the cross-correlator output vector against a set threshold. Ideally, the 

threshold is proportional to ‘𝑖𝑖’ for normalized vectors. However, the threshold depends on 

the required noise performance, especially since correlation distribution of non-

 

(a)                                                                    (b) 

Figure 3.8: (a) Single-tone and (b) Multi-tone signal. 
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cyclostationary signal, such as AWGN, could be approximated by a Gaussian distribution 

for a sufficiently large ‘𝑚𝑚’ and would be irrelevant to cyclic frequency correlation peak. 

The proposed sensing technique was further validated with Digital TV and Analog TV 

signals. The ATSC Digital TV signal with an analog bandwidth (BW) of 6MHz was 

generated at Ultra High Frequency (UHF) channel 14 at 470MHz, using Agilent’s Signal 

Studio for Digital Video and E4438B Signal Generator for RF up-conversion. The PAL-B 

Analog TV signal of BW 8MHz was generated using Taylor CCIR4 AUVR TV Channel 

Modulator. The experimental setup used to capture the ATSC DTV and PAL-B Analog 

TV signal data is shown in Figure 3.9. 

 
All the analog signals were digitized with a sampling frequency of 1GHz using a 

LeCroy WaveRunner 6100 Oscilloscope. The digitized DTV and ATV signals were input 

to the MATLAB simulation model and pre-processed by a digital down converter (DDC) 

before the proposed spectrum sensing algorithm is implemented. 

In the MATLAB model, the ATSC DTV signal is down converted by the DDC such 

that the DTV’s pilot signal was centered at a frequency of 25MHz digital IF. Similarly, 

the analog TV signal was down converted twice, once with the ATV’s video carrier 

Agilent Signal 
Generator 
E4438B

Oscilloscope 
LeCroy 

WaveRunner 
6100

Agilent Signal Studio 
for Digital Video

Transfer 
captured 
data to 

simulation

Taylor CCIR4 
AUVR TV Channel 

Modulator

for Analog TV

for ATSC DTV

 

Figure 3.9: Setup used to capture the ATSC DTV and Analog TV signals.  
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centered at 25MHz digital IF and the other with ATV’s audio carrier set at a frequency of 

25MHz digital IF.  

The input spectrum of the DTV and ATV signals, the resultant ISDV vectors and the 

cross-correlator output for ATSC DTV and PAL-B Analog TV captured signals are 

shown in Figure 3.10. In the simulation, the parameters where set as, 𝑖𝑖 = 40, 𝑚𝑚 = 𝑖𝑖 and 

SNR = 0dB. Figure 3.10(a) shows the results for the input ATSC DTV signal, with its 

pilot frequency set at 25MHz IF. The averaged ISDV and the corresponding correlator 

output are shown. Similarly, the results of PAL-B ATV signal, which has its video carrier 

set to 25MHz is shown in Figure 3.10(b) along with its ISDVs and their cross-correlator 

output. Figure 3.10(c) shows the PAL-B ATV signal which has its audio carrier set to 

25MHz. As can be seen in Figure 3.10, the magnitude of the correlator output has a peak 

at sample ‘𝑖𝑖’ for all the three signals. 

The presence of the desired 25MHz signal is determined by comparing the correlator 

output vector’s sample index ‘𝑖𝑖’ to a set threshold. Monte-Carlo simulations were carried 

out by varying the SNR. The probability of detection (Pd) for different SNRs is 

determined and the results are shown in Figure 3.12, Figure 3.13, Figure 3.14.  

The MATLAB simulation setup for proposed spectrum sensing process is shown in 

Figure 3.11. The digitized input in preprocessed in the digital down converter to the 

appropriate bandwidth, followed by addition of Additive White Gaussian Noise (AWGN) 

to set a particular SNR for the signal. The noise added signal samples are first segmented 

and decimated to generate the blocks of ISDVs. These are then averaged and cross-

correlated. The cross-correlator output is used to determine the detection of the signal.  
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Figure 3.12 gives the probability of detection (Pd) and probability of false alarm for 

ATSC DTV signal for various ‘𝑚𝑚’. The ISDV vector length ‘𝑖𝑖’ is set to 40, the 

oversampling rate. It is seen from Figure 3.12(a) that the probability of detection (Pd) 

improves significantly with increase in ‘𝑚𝑚’, particularly for very low SNR scenarios. 

Therefore, to have higher probability of detection (Pd) at very low SNR, higher number of 

ISDV vectors could be used, which are averaged to generate the averaged out vectors. 

This results in marginal increase of the computational complexity resulting from 

 

Figure 3.10: ATSC DTV and PAL-B Analog TV detection results. 

 

Figure 3.11: MATLAB simulation setup for proposed spectrum sensing.  
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averaging as given in Table 3.1. When compared to the performance results of the 

Maximum Cyclic Autocorrelation Selection technique as presented in [32], the proposed 

sensing technique has higher probability of detection in low SNR scenarios. However, the 

probability of false alarm as shown in Figure 3.12(b) is below 0.05 for all ‘𝑚𝑚’. 

The probability of detection (Pd) performance for PAL-B analog TV signals in AWGN 

scenarios is shown in Figure 3.13. First, the audio carrier is detected, which is set to 

25MHz digital IF. The number of samples in the ISDV (𝑖𝑖) is set to 40, the oversampling 

ratio. The probability of detection (Pd) as shown in Figure 3.13(a) is 100% for SNRs 

above 6dB for ‘𝑚𝑚 =  𝑖𝑖’ and the performance improves significantly with increase in 𝑚𝑚 

and it is 100% at 12dB with 𝑚𝑚 = 8𝑖𝑖. The probability of false alarm shown in Figure 

3.13(b) remains at ~5% for all 𝑚𝑚 for all simulated SNRs upto -20dB. 

The probability of detection (Pd) performance improves significantly when video 

carrier is used to detect the PAL-B analog TV signal. This is mainly due to the fact that 

the video carrier is 20dB higher than audio carrier. Figure 3.14(a) shows the probability 

of detection (Pd) for different 𝑚𝑚 and SNRs. The ISDV sample length was same as for 

audio carrier, 𝑖𝑖 = 40. The probability of false alarm is also found to be ~5% for video 

carrier detection. Figure 3.14(b) shows the probability of false alarm for different 𝑚𝑚 and 

SNRs from -40dB to 0dB. 

One aspect to note with respect to simulations related to probability of false alarm for 

ATSC DTV detection, PAL-B TV signal’s video and audio carrier detection is that they 

all produce the same results. This is because the random noise generated with the same 

seed was used in place of actual signal and the threshold for detection, peak of the FFT 

output, is the same for all the three signal detection scenarios. 
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(a) Probability of detection 

 
(b) Prpbability of false alarm 

Figure 3.12: ATSC DTV signal detection performance for AWGN.  
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(a) Probability of detection 

 
(b) Prpbability of false alarm 

Figure 3.13: PAL-B analog TV audio carrier detection performance for AWGN.  
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(a) Probability of detection 

 
(b) Probability of false alarm 

Figure 3.14: PAL-B analog TV video carrier detection performance in AWGN.  
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For validating the proposed spectrum sensing technique’s ability to detect burst signals 

at multiple channel frequencies, burst signals of 10msec duration, 50KHz bandwidth and 

centered around 1MHz and 2MHz digital IF have been generated and used. The length of 

the ISDV vector ‘𝑚𝑚’ has again been set to 40 and the number of vectors ‘𝑚𝑚’ which are 

averaged has been see to 40, 80 and 160. At the set sample rate of 40MHz, these ‘𝑚𝑚’ 

correspond to a sensing duration of 3.2msec, 6.4msec and 12.8msec respectively. For 

2MHz digital IF channel, the ‘𝑚𝑚’ has been set to 20 to simulate 1.6msec sensing duration. 

The performance simulations were carried out for AWGN and 6-path Rician 

(k_factor=79) and Rayleigh fading channels with a maximum Doppler frequency of 

300Hz. The gain vectors for the Rician and Rayleigh channels are {0, -1.0, -9.0, -10.0, -

15.0, -20.0} and {0, -1.5, -1.4, -3.6, -0.6, -9.1, -7.0, -12.0, -16.9} respectively. The delay 

vector for the simulated channels are {1.0e-8*[0 120 280 430 685 1000]} and {1.0e-8* [0 

30 150 310 370 710 1090 1730 2510]} for Rician and Rayleigh respectively. These were 

derived from the LTE [102] channel models and the delay has been modified to account 

for a narrower 50KHz signal bandwidth when compared to LTE signal bandwidth. 

Figure 3.15 shows the probability of detection (Pd) in AWGN for the FFT based 

detection, magnitude based threshold for detection, as in (3.12) and proposed scheme 

(3.14). It can be seen that the probability of detection (Pd) for magnitude based threshold 

for detection has poor performance in all sensing durations. Further, It can be seen that for 

a sensing duration ‘𝑡𝑡’ within the burst duration the proposed sensing technique performs 

better. However when the sensing duration is more than the burst duration the 

performance falls below that of the FFT based detection. For the FFT based detection, as 

the sensing duration is increased, there are large numbers of sample points which are used 

for performing the FFT, this leads to better performance. It should however be noted that 

since there are more number of samples, the number of computations are also larger. 
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Figure 3.15: Probability of detection in AWGN for proposed, FFT and 

Magnitude approach.  

 

Figure 3.16: Probability of false alarm in AWGN for proposed , FFT and 
Magnitude approach.  
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The probability of false alarm (Pfa) performance is shown in Figure 3.16. It is seen that 

for the set threshold, the proposed sensing technique much lower Pfa than the magnitude 

based threshold set for detection. The proposed modification lowers the Pfa to 5% at 0dB 

SNR, but FFT performs better at lower SNR. It can be seen from Figure 3.16 that the Pfa 

is much larger for all the three schemes when the sensing duration is larger than the burst 

duration. 

When two bursts at different channel frequencies are present, the Pd performance is 

identical for both the channels. However, as shown in Figure 3.17, the performance is 

better for the signal with higher digital IF channel frequency. This is because for the same 

set of parameters ‘i’ and ‘m’, the number of cycles of the digital IF in a set sensing 

duration ‘t’ are more. In this current scenario, digital IF frequencies of 1MHz and 2 MHz, 

the number of cycles is double. Hence the results are shown by further reducing the 

sensing time for 2MHz digital IF frequency channel. 

 

 

Figure 3.17: Probability of detection performance for an adjacent channel at 
2MHz digital IF.  
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The Probability of detection (Pd) for the proposed technique with FFT approach in 

Rician and Rayleigh fading channel conditions, with 300Hz maximum Doppler shift are 

shown in Figure 3.18 and in Figure 3.19 respectively. The proposed sensing technique 

performs similar to the AWGN channel conditions (as shown in Figure 3.15) for Rician 

and Rayleigh fading channels given in Figure 3.18 and Figure 3.19. Even for the higher 

digital IF of 2MHz, there is no change in probability of detection (Pd) performance 

achieved under Rician and Rayleigh fading channel conditions (given in Figure 3.18 and 

Figure 3.19) when compared to probability of detection (Pd) achieved in AWGN channel 

conditions (as given in Figure 3.17). However, when the sensing duration is larger than 

the burst duration, Pd deterioration is larger than in AWGN. 

 
 

Figure 3.18: Probability of detection performance under Rician channel.  
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3.6 Hardware Architecture 

A reconfigurable hardware architecture for implementing the proposed low complexity 

spectrum sensing technique is proposed in this section. The architecture for sensing 

multiple channels by implementing parallel realizations of sensing module for each 

channel is shown in Figure 3.20(a). In the proposed sensing technique, the most 

computationally intensive task is segmentation and decimation. It can be implemented 

using reconfigurable hardware circuitry as shown in Figure 3.20(b). The proposed 

architecture block diagram is intended to show how different sensing durations can be 

realized in a hardware implementation by changing the decimation counter and 

segmentation counter widths. The ISDV shuttle memory stores a number of samples 

depending on the Segmentation Counter and Decimation counter inputs. 

 
Figure 3.19: Probability of detection performance under Rayleigh channel.  
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These count values determine the total number of samples and the length of the ISDV 

vector. The segmentation counter decides the total number of samples in each segment 

and the decimation counter selects the samples which form the ISDV vector and stored in 

the ISDV memory. 

The alternate ISDV vectors (odd and even ISDV vectors) are averaged in separate 

modules. The averaged ISDV vectors are cross-correlated. The number of samples used 

for sensing is determined by programming the appropriate segmentation and decimation 

counter values, and the total number of ISDV vectors which are averaged,. This is directly 

related to the total sensing duration.  

FFT is performed on the output of the cross-correlator, which is then used to determine 

the occupancy of the channel by determining if the peak output bin of the FFT output is 

corresponding to the ISDV length set in the segmentation counter and the number of 

samples in the decimation counter. 

 

 
(a) High-level architecture for multiple channel sensing. 

 
(b) Channel Sensing implementation architecture. 

Figure 3.20: Hardware architecture for spectrum sensing. 
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Depending on the implementation scenario, sensing could be carried out sequentially 

one channel frequency at a time by dynamically programming the decimation and 

segmentation counters or by realizing independent channels with dedicated parallel 

hardware. 

The proposed architecture for single channel has been implemented on a 

FMCOMMS2/3 [110] + Xilinx ZC706 FPGA evaluation board platform. The sampling 

frequency is set at 40MHz and the input sample bit-width for the implementation is 16-

bits. The input digital IF signal frequency is 1MHz, the segmentation counter and 

decimation counter are each set to 40. A total of 80 ISDV vectors were averaged in 2 

blocks of 40 each. 

The implementation’s resource utilization with full-parallel correlators, excluding FFT 

(because a Xilinx IP core optimized for power of 2 length was used), is 52 DSP48E1s, 

which is 5% of the device (Xilinx ZC706 FPGA) and the slice LUT utilization is ~33K, 

which is 15% of the device. The minimum clock period (MCP) for un-constrained 

implementation is reported at 19.683nsec.  

3.7 Summary 

In this chapter, a low complexity spectrum sensing technique which is based on cross-

correlation of segmented and decimated sample vectors has been proposed. The proposed 

method requires nearly 1/𝑖𝑖𝑡𝑡ℎ of the number of samples which are used for correlation 

after segmentation and decimation, for a vector length of ‘𝑖𝑖’, of the simplest known 

autocorrelation-based detection scheme described in [32]. MATLAB simulations have 

been carried out to validate the proposed method. In the simulations, signals such as, 

single-tone, multi-tone, ATSC digital TV, PAL-B analog TV and burst QPSK modulated 

signals have been used for quantifying the detection performance. It has been shown that 



Chapter 3: Low Complexity Spectrum Sensing based on Segmentation and Decimation 

 88 

the performance of detection improves with the number of ISDV vectors ‘𝑚𝑚’ used for 

averaging and cross-correlation, except for in burst signal cases, where an increase in ‘𝑚𝑚’ 

makes the sensing duration more than the burst duration. A simple reconfigurable 

hardware architecture for implementing the low complexity spectrum sensing technique 

has been presented. 

With the availability of the frequency spectrum determined through the proposed 

technique, information is transmitted over the frequency band in bursts. One of the 

reasons burst transmissions are being used is to have the flexibility to cut short the 

transmission and switch to another transmission frequency when the current one becomes 

unavailable. For proper data demodulation and information recovery of such burst 

transmissions, it is imperative to time synchronize with the incoming RF burst at the 

receiver. In the following chapter a mechanism for efficient time synchronization of 

incoming burst signals is presented. 
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4 Efficient Cross-Correlation 
Algorithm and Architecture for 
Robust Synchronization 

4.1 Overview 

Wireless communication in high-mobility environments is usually frame-based burst 

communication. Short burst communications are also suitable for CR applications where 

the available frequency spectrum is shared and opportunistically used by secondary users. 

For correct detection and demodulation of data, the receiver must synchronize, in both 

time and frequency, with the received burst signals. Generally, preamble sequences are 

used for time and frequency synchronization. Recently, Zadoff-Chu sequences, which 

have very good correlation properties, have gained popularity for this purpose. In this 

chapter, an efficient cross-correlation based algorithm and its implementation architecture 

is proposed for robust synchronization in systems with multiple repetitive preambles. The 

proposed method is well suited for systems experiencing carrier frequency offsets and 

operating in high-mobility environments. Synchronization is achieved by cross-

correlation of locally stored preamble replica with a preamble derived from the received 

signal samples. The derived preamble is generated by segmenting and 
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decimating/rearranging the signal samples of the received preamble. The hardware 

implementation architecture for the synchronization technique is also presented. The 

proposed architecture has been synthesized and implemented on a Xilinx FPGA platform 

for validation and performance evaluation. The system level simulation under Additive 

white Gaussian noise (AWGN), in Long-Term Evolution (LTE) channels with frequency 

offsets and Doppler shifts has also been carried out to find the efficacy of the proposed 

approach. The inherent parallelism of the proposed synchronization scheme results in fast 

and energy efficient hardware implementations. One such implementation of the 

correlator structure in Xilinx FPGA is presented.  

With the system model presented in Section 4.2, the proposed technique is presented in 

Section 4.3. The advantages of the proposed technique are discussed in Section 4.4. In 

Section 4.5, the performance results of the proposed synchronization technique generated 

using MATLAB based computer simulations are presented. The performance of proposed 

method under different Doppler and carrier frequency offsets are also evaluated. In 

Section 4.6, the details of the proposed segmentation, decimation and cross-correlation 

technique along with the proposed architecture are discussed. The FPGA implementation 

of proposed design is presented and the estimated hardware and time complexity are 

evaluated. Section 4.7 concludes the chapter. 

4.2 System Model 

In OFDM systems and in other frame-based communication systems, one of the prime 

requirements for correct demodulation of the transmit OFDM symbol or burst at the 

receiver is to time synchronize the receiver to the transmitter. In almost all systems, 

timing synchronization between transmitter and receiver is achieved at the beginning of 

each OFDM symbol or burst through the use of preamble sequences. Preamble sequences 
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are predefined patterns which are known apriori at the receiver. The receiver usually 

searches for the known preamble sequences to determine the start of the OFDM symbol 

or the burst frame. Time synchronization is of much higher significance in OFDM 

systems, where an error in estimation of the start time of the OFDM symbol or late 

synchronization, will result in incorrect decoding of the received symbol due to breaking 

of orthogonality of the sub-carriers in the OFDM symbol resulting in ICI and incorrect 

channel estimation [71]. However, early synchronization does not have any major effects 

as long as it is time synchronized within the cyclic-prefix period. Generally it is possible 

to get-away with early synchronization by using longer cyclic prefix or a longer guard 

interval [75, 99]. However this leads to reduced air time for transmission of useful data 

which results in lowering of overall data throughput. 

Preamble sequences are time-domain samples transmitted at the beginning of each 

transmission burst. Each sequence is repeated multiple times depending on the preamble 

design. Figure 4.1 illustrates a transmit frame structure. 

 

 A single frame burst consists of ‘𝑀𝑀’ multiple preambles 𝑷𝑷𝑖𝑖 followed by the Signal 

Symbol 𝑺𝑺𝑖𝑖 giving details about the following data burst and the receiver makes use of 

 

Figure 4.1: Illustration of start of burst and preambles in a frame.  
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these preambles for frame detection, AGC, frame timing synchronization, frequency 

offset estimation and in some cases an initial estimate of the channel. Let p(𝑖𝑖) be the 𝑖𝑖𝑡𝑡ℎ 

sample of a ‘𝑁𝑁’ sample preamble sequence which is repeated ‘𝑀𝑀’ times at the beginning 

of each transmission burst. This sequence is then appended with other data symbols to 

form a transmit signal. At the receiver, the transmitted signal’s 𝑛𝑛𝑡𝑡ℎ baseband sample, x[𝑛𝑛] 

is received after a delay of ‘𝑑𝑑’ samples. The received signal's 𝑛𝑛𝑡𝑡ℎ baseband sample can be 

expressed as  [99] 

 

 

where h[𝑙𝑙] represents the 𝑙𝑙th path of a L path wireless channel, u[𝑛𝑛] is the AWGN noise 

component for the 𝑛𝑛𝑡𝑡ℎ sample and f𝐶𝐶𝐶𝐶𝐶𝐶 is the normalized carrier frequency offset at the 

receiver. When a single preamble sequence is used for estimating the timing offset ‘𝑑𝑑’, 

the received signal is cross-correlated with the stored replica of the transmitted preamble 

sequence 

 

where 𝑘𝑘 is the lag of the correlation and * is the complex conjugate operator. The 

estimated timing offset 𝑑𝑑𝑒𝑒𝑒𝑒𝑒𝑒 can be determined as 

 

 

where |. | denotes the absolute value. The delay due to multipath ‘𝑙𝑙’ can be ignored if it is 

less than the guard interval between symbols. 

y[𝑛𝑛] = 𝑒𝑒𝑗𝑗2𝜋𝜋𝑛𝑛𝐟𝐟𝐶𝐶𝐶𝐶𝐶𝐶� h[𝑙𝑙]
𝐿𝐿−1

𝑙𝑙=0

x[𝑛𝑛 − 𝑑𝑑 − 𝑙𝑙] + u[𝑛𝑛]            (4.1) 

𝑟𝑟[𝑘𝑘] =  � y[𝑛𝑛 + 𝑘𝑘]p∗[𝑛𝑛]                       (4.2)
𝑁𝑁−1

𝑛𝑛=0

  

𝑑𝑑𝑒𝑒𝑒𝑒𝑒𝑒 =  𝑎𝑎𝑎𝑎𝑎𝑎 max
𝑘𝑘

|𝑟𝑟[𝑘𝑘]|                                     (4.3) 
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4.3 Proposed Timing Synchronization 

In the preamble design, when repetitions of a preamble sequence are used, there are 

multiple 𝑑𝑑𝑒𝑒𝑒𝑒𝑒𝑒 for each repetition of the preamble. This complicates timing offset 

estimation as maximum of |𝑟𝑟[𝑘𝑘]| varies due to variations in the wireless channel as well 

as any carrier frequency offset. Here, segmentation and decimation of the received signal 

before it is cross-correlated with the local copy of the preamble sequence is proposed. 

4.3.1 Segmentation 

Considering a simplified case, let us assume the preamble sequence consists of an even 

number of 𝑁𝑁 samples and has 𝑀𝑀 number of repetitions. The received signal y[𝑛𝑛] is 

divided into multiple numbers of segments 𝑆𝑆 and 𝑆𝑆 = 𝑀𝑀 the number of preamble 

sequence repetitions. However, it can also be shown that it is not necessary for 𝑆𝑆 to be 

equal to 𝑀𝑀. The segmented received signal is represented as 

 

where 𝑠𝑠 = 0, 1, … , 𝑆𝑆 − 1.  

Equation (4.4) gives a representation of the samples in a segment ‘𝐲𝐲𝑠𝑠’. The index 𝑠𝑠 is the 

segment index which is used to differentiate multiple segments of 𝐲𝐲𝑠𝑠, such as 𝐲𝐲0, 𝐲𝐲1, 𝐲𝐲2, 

…, 𝐲𝐲𝑆𝑆−1. Each of these segments 𝐲𝐲𝑠𝑠 is a vector of 𝑁𝑁 samples. The sample index is 

represented as, 𝑠𝑠𝑠𝑠, 𝑠𝑠𝑠𝑠 + 1, 𝑠𝑠𝑠𝑠 + 2, 𝑠𝑠𝑠𝑠 + 3, …, 𝑠𝑠𝑠𝑠 + 𝑁𝑁 − 1. 

4.3.2 Decimation 

Now, to arrive at a single received preamble sequence 𝐲𝐲𝑝𝑝 from the received signal 

y[𝑛𝑛], the received signal segments 𝐲𝐲𝑠𝑠 are decimated with decimation factor of 𝑀𝑀. The 

decimation is carried out such that the first decimated sample for segment 𝑠𝑠 is dependent 

𝐲𝐲𝑠𝑠 =  {y[𝑠𝑠𝑠𝑠] , y[𝑠𝑠𝑠𝑠 + 1], . . . , y[𝑠𝑠𝑠𝑠 + 𝑁𝑁 − 1]}                 (4.4)                    
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on the segment index 𝑠𝑠, y[𝑠𝑠(𝑁𝑁 + 1)]. The decimated samples from all the received signal 

segments are rearranged to obtain 𝐲𝐲𝑝𝑝, which is then used for cross-correlation with the 

stored local sequence. The decimated segment can be expressed as 

 

 

where 0 ≤ 𝑛𝑛 ≤ �𝑁𝑁
𝑀𝑀
− 1� and 0 ≤ 𝑚𝑚 ≤ (𝑀𝑀 − 1). 

 This 𝐲𝐲𝑝𝑝 contains only one preamble sequence and the rest of the preamble repetition 

samples are rearranged. 

An illustration of segmentation, decimation and derivation of the received preamble 

sequence is shown in the Table 4.1 below for 𝑁𝑁 = 6 and 𝑀𝑀, 𝑆𝑆 = 3. 

Table 4.1: Illustration of Segmentation, Decimation and Derivation of Preamble Sequence 

Received Samples 𝐲𝐲 = {y[0], y[1], y[2], … , y[16], y[17], … } 

Segments of received samples 
for 𝑁𝑁 = 6 and 𝑀𝑀, 𝑆𝑆 = 3 

𝐲𝐲0 = {y[0], y[1], y[2], y[3], y[4], y[5]} 

𝐲𝐲1 = {y[6], y[7], y[8], y[9], y[10], y[11]} 

𝐲𝐲2 = {y[12], y[13], y[14], y[15], y[16], y[17]} 

Decimated samples of 
segments 

𝐲𝐲0 = {y[0], y[3]} 

𝐲𝐲1 = {y[7], y[10]} 

𝐲𝐲2 = { y[14], y[17]} 

 
Derived preamble sequence 

by rearranging the decimated 
segment samples 

 

𝐲𝐲𝑝𝑝 = {y[0], y[7], y[14], y[3], y[10], y[17]} 

 

In Table 4.1 the received samples 𝐲𝐲 is a continuous stream of preamble samples. Let us 

assume the preamble length is 6 (𝑁𝑁 = 6) and has 3 (𝑀𝑀 = 3) repetitions. The continuous 

stream of preamable samples, y[0], y[1], y[2], ….. are segmented into vectors of 6 samples 

 y𝑝𝑝[𝑛𝑛𝑛𝑛 + 𝑚𝑚] =  y[𝑛𝑛𝑛𝑛 + 𝑚𝑚(𝑁𝑁 + 1)]           (4.5)                   
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each. Each segmented vector 𝐲𝐲𝑠𝑠 is made up of 𝑁𝑁 number of samples as represented in 

(4.4) and there are 𝑆𝑆 =  𝑀𝑀 number of segments. For 𝑁𝑁 = 6  and 𝑆𝑆 = 3, there are 3 

segmented vectors, 𝐲𝐲0, 𝐲𝐲1, and 𝐲𝐲2 each with 6 samples, representing one preamble 

sequence each. The samples in each segmented vector are derived as in (4.4) and are 

shown in row 2 of Table 4.1. Further each of these segmented vectors are decimated and 

rearranged into a single vector 𝐲𝐲𝑝𝑝 as in (4.5) with 𝑀𝑀 = 3. The decimated vectors, each of 

2 samples are shown in row 3 of Table 4.1.This resulting rearranged vector, which 

represents a single preamble sequence is given in row 4 of Table 4.1. 

4.3.3 Timing Synchronization 

The time offset between the received preamble sequence and the transmitted preamble 

sequence is determined by cross-correlation of the derived preamble sequence given in 

(4.5) with the locally stored replica of the transmitted preamble sequence. The cross-

correlator output 𝑟𝑟[𝑘𝑘] is given by 

 

 

With the derived preamble sequence represented by (4.5),  (4.6) can be re-written as 

 

 

  

The above described proposed segmentation and decimation has been pictorially 

illustrated in Figure 4.2. 

𝑟𝑟[𝑘𝑘] =  � y𝑝𝑝[𝑛𝑛 + 𝑘𝑘]p∗[𝑛𝑛]
𝑁𝑁−1

𝑛𝑛=0

                         (4.6) 

                 

𝑟𝑟[𝑘𝑘] =  � � y[𝑛𝑛𝑛𝑛 + 𝑚𝑚(𝑁𝑁 + 1) + 𝑘𝑘]p∗[𝑛𝑛𝑛𝑛 + 𝑚𝑚]

𝑁𝑁
𝑀𝑀−1

𝑛𝑛=0

𝑀𝑀−1

𝑚𝑚=0

            (4.7)  
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 Taking into account the different multipath signals and ignoring the AWGN 

noise effect on the cross-correlation magnitude, 𝑟𝑟[𝑘𝑘] can be written as 

 

 

 The timing offset estimate is still determined by (4.3). However, since the derived 

preamble sequence (4.5) is from samples across multiple preamble duration, the timing 

offset estimate is determined by the highest h[𝑙𝑙] across the whole repetitive preamble 

duration of (𝑀𝑀𝑀𝑀) samples. 

 

Figure 4.2: Illustration of proposed segmentation, decimation and timing 
synchronization.  

𝑟𝑟[𝑘𝑘] =  � � �𝑒𝑒𝑗𝑗2𝜋𝜋[𝑛𝑛𝑛𝑛+𝑚𝑚(𝑁𝑁+1)+𝑘𝑘]𝐟𝐟𝐶𝐶𝐶𝐶𝐶𝐶 �� h[𝑙𝑙]
𝐿𝐿−1

𝑙𝑙=0

x[𝑛𝑛𝑛𝑛 + 𝑚𝑚(𝑁𝑁 + 1) + 𝑘𝑘

𝑁𝑁
𝑀𝑀−1

𝑛𝑛=0

𝑀𝑀−1

𝑚𝑚=0

− (𝑑𝑑 + 𝑙𝑙)]p∗[𝑛𝑛𝑛𝑛 + 𝑚𝑚]��         (4.8)  
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 In (4.8), for a flat fading channel, where ∑ h[𝑙𝑙]L−1
l=0 =  h[0], 𝑘𝑘 = 𝑑𝑑 and since the 

transmitted preamble is a repetitive preamble, (4.8) is re-written as 

 

 

 

In (4.9), the term in parenthesis will be a constant, ’𝐶𝐶’ and the variation in timing estimate 

due to the presence of carrier frequency offset is largely determined by the exponential 

term. The exponential summation in (4.9) can be simplified as in [101] to a form 

 

 

 

where 𝑧𝑧 = 2𝜋𝜋𝐟𝐟𝐶𝐶𝐶𝐶𝐶𝐶  

 The normalized carrier frequency offset can either be an integer or a fraction. The 

magnitude variation of the sinc and exponential components in (4.10) will affect the 

overall magnitude of the cross-correlation 𝑟𝑟[𝑘𝑘] and determine the error in timing offset 

estimate due to carrier frequency offset. The proposed algorithm reduces this error. Figure 

4.3 compares the magnitude of these terms with respect to fractional and integer 

normalized carrier frequency offsets. It is seen in Figure 4.3(a) that the magnitude 

variation of the sine and exponential function in (4.10) is small as compared to 

conventional approach for fractional normalized 𝐟𝐟𝐶𝐶𝐶𝐶𝐶𝐶. Magnitude variation with integer 

normalized 𝐟𝐟𝐶𝐶𝐶𝐶𝐶𝐶 as shown in Figure 4.3(b) is same. This robustness against fractional 

normalized carrier frequency offsets is further verified through simulation in Section 4. 
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(a) Fractional normalized carrier frequency offset. 

 

(b) Integer normalized carrier frequency offset. 

Figure 4.3: Magnitude variation of cross-correlation due to fractional and 
integer carrier frequency offset. 
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4.3.4 Multiple Peaks in Cross-Correlation 

The excellent correlation properties of certain preamble sequences may lead to distinct 

multiple peaks at the output of the cross-correlator, |𝑟𝑟[𝑘𝑘]|. Hence, it is proposed to 

determine the timing synchronization in conjunction with the multiple peaks. Once a peak 

is detected, another peak of lower magnitude (𝑀𝑀𝑀𝑀) samples ahead and past is looked for. 

When a peak is determined at either of those locations, the frame timing is determined by 

the peak which occurs first in time sequence. The occurrence of the peak based on the 

mean value of |𝑟𝑟[𝑘𝑘]| over a certain number of samples proportional to (𝑀𝑀𝑀𝑀) is 

determined. 

4.4 Advantages of Proposed Technique 

When multiple preamble sequences are used for timing synchronization, either 

autocorrelation [50] or cross-correlation is performed. A search for a plateau at the 

autocorrelation output gives the timing metric for synchronization. Though it is robust 

against carrier frequency offset and fading, it presents high uncertainty on start timing of 

burst/symbol, mainly due to the plateau nature of the timing metric. In cross-correlation 

based approach, timing synchronization functionality in a receiver is executed on every 

digitized sample at the receiver. This results in multiple peaks at the cross-correlation 

output due to repetition of the preamble sequences, when cross-correlated over a single 

preamble duration. Alternatively, a single pronounced peak and multiple peaks of smaller 

amplitude are obtained when cross-correlation is performed with the total duration of the 

repeated preamble. Cross-correlator output when performed over the received sample 

sequence and the proposed segmented and derived preamble sequence is shown in Figure 

4.4 for one simulation run. Figure 4.4(a) shows the output of cross-correlation of the input 
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preamble sequence with the local copy of the preamble sequence. It is assumed that there 

is no additive noise and no multipath channel effects are added. Four distinctive peaks 

corresponding to four repetitions of the preamble sequence can be seen. Figure 4.4(b) 

gives the output of the cross-correlation with additive noise being set to give a SNR of     

-10dB in a LTE-ETU channel with 300Hz Doppler. It can be seen that the distinctive 

peaks which were present in the no channel case (as in Figure 4.4(a)) are now obscured 

with multiple false peaks. When the distance-based algorithms suggested in [52, 53, 77] 

encounter these multiple false peaks, it could lead to incorrect timing estimate. As shown 

in Figure 4.4(c), for the same SNR and channel conditions, the proposed algorithm 

produces a pronounced single peak which reduces the timing uncertainty in 

synchronization. However as mentioned earlier, apart from the single peak, in certain 

conditions there could be subsequent peaks in the proposed segmented scheme as well, 

which are again used to reduce the timing uncertainty in synchronization. 

The received power level of the signal burst/OFDM symbol is initially unknown at the 

receiver. Therefore, the first few preambles sequences are used for determining the 

received signal level and tuning the analog RF front end gain of the receiver for an 

optimum signal input level. Since the segmented cross-correlation is performed on the 

derived preamble sequence from the received multiple preamble sequences, the signal 

level fluctuation during the gain tuning process does not affect the cross-correlation 

output substantially. The multiple peaks, when they exist, are used to further aid in 

performing the timing synchronization. 

The segmented nature for the proposed algorithm enables hardware efficient 

implementation of the cross-correlation. The repetitive modular nature of the algorithm 

helps to derive a hardware-efficient design and supports increased frequency of operation 

of the synchronization module. This is further elaborated in the hardware implementation 



Chapter 4: Efficient Cross-Correlation Algorithm and Architecture for Robust Synchronization 

 101 

section. Due to the inherently parallel nature of the algorithm, it also allows it to be 

implemented in a highly parallel architecture for high-throughput implementation. 

 

4.5 Simulation Results 

The proposed timing synchronization technique was simulated in MATLAB for two 

different preamble structures. In the first structure a ZC sequence of length 32 was used 

as preamble. The preamble was repeated four times at a sample rate of 1.28MSPS. An 

oversampling factor of four was used at the receiver. The synchronization performance is 

 
(a) Input Sequence Cross-Correlation. 

 
(b) Complete Received Sequence Cross-Correlation. 

 
(c) Segmented Sequence Cross-Correlation 

Figure 4.4: Comparison of output of cross-correlation under LTE-ETU 
channel with 300Hz Doppler at -10dB SNR. 
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compared with the cross-correlation method in which the whole preamble duration is 

cross-correlated. The other sequence is a 128 symbol ZC sequence which is repeated 

twice and oversampled at 8x rate. The second sequence has been used to compare the 

performance of the proposed scheme with distance-based synchronization methods of [52, 

53, 77] with multiple peaks, which determine the timing instant based on the sample 

distance between correlation peaks. The evaluation of the timing synchronization 

performance is based on the Synchronization Ratio, which gives the number of bursts in 

which the synchronization was performed within two preamble symbols of the correct 

time instant. The simulation model is required to determine the first sample after the last 

sample of the preamble sequence. 

The synchronization is considered to be successful when the determined time sample is 

any one of the oversampled samples within two preamble symbols of the preamble 

sequence. In carrying out the simulation of the proposed synchronization method, 

different channel models, such as AWGN, 6-path Rician with gain and delay vector of   

[0 -1.0 -9.0 -10.0 -15.0 -20.0] and 1.0e-9 * [0 310 710 1090 1730 2530] respectively and 

LTE channel models stated in [102] are used. The different LTE channel models are 

Extended Pedestrian A (EPA) with 7-paths and maximum excess delay of 410nsec, 

Extended Vehicular A (EVA) with 9-paths and maximum excess delay of 2510nsec and 

Extended Typical Urban (ETU) with 9-paths and maximum excess delay of 5000nsec, 

together these channels cover a wide range of operating environments from pedestrian to 

Urban mobile. 

Figure 4.5 shows the performance of the proposed method under AWGN, 6-path 

Rician and LTE channel models. The 32-sample ZC sequence was used as the preamble 

with number of repetitions and oversampling factor, 𝑂𝑂𝑠𝑠 = 4. It shows more than 99% 

synchronization rate performance for SNR over 0dB. Synchronization rate is deteriorated 
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for SNR below -5dB, especially in LTE-EVA, ETU and 6-path Rician channels as 

compared to AWGN and LTE-EPA which are relatively friendly channels as the former 

ones present the worst multipath (9-paths) delay profile, with a maximum path delay of 

5μsec. When compared to the performance with cross-correlation over entire preamble 

sequence length, including repetitions, the performance is better for SNRs above -12dB. 

 

To these channels Doppler shift is added and the simulation performance results are 

shown in Figure 4.6. Though LTE channel models specify Doppler frequency of up to 

300Hz, a 600Hz Doppler frequency is introduced, which amounts to moving platforms 

with speeds of ~600Km/Hr for operating carrier frequency of 500MHz or ~135Km/Hr 

operating at 2.4GHz carrier frequency. For LTE-EVA channels the synchronization rate 

performance, as shown in Figure 4.6(a), is better than the full cross-correlation  

 

Figure 4.5: Performance over AWGN, 6-Path Rician and LTE channel models.  
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(a) LTE-EVA channel with different Doppler. 

 

(b) LTE-ETU channel with different Doppler. 

Figure 4.6: Performance over LTE channel models.  
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performance for SNR above -12dB. The LTE-EVA channel model has a strong direct 

path (with 0dB attenuation) and 8 other multipath paths with varying delays. At low 

SNRs, the direct path present in the LTE-EVA channel model results in better 

performance of the full-cross-correlation scheme. However at higher SNRs, the presence 

of 8 multipath paths in the LTE-EVA channel and segmentation and decimation of the 

received samples in the proposed scheme results in better performance as compared to 

full cross-correlation approach. 

The synchronization rate over LTE-ETU channels (Figure 4.6(b)) is higher for SNR 

above -12dB SNR. Performance is least affected in high SNR scenarios even after the 

introduction of Doppler shift along with the multipath propagation channels. The 

performance for 600Hz Doppler is found to be slightly deteriorated, but still better than 

the full cross-correlation performance. 

For a system operating in UHF frequency range (500MHz, which is also part of TV 

White Space frequency range), with a reference oscillator crystal accuracy of ±10ppm, the 

receiver is likely to experience a maximum frequency offset of 10KHz. It has been 

simulated to determine the maximum timing estimation error and synchronization rate 

performance of the proposed synchronization method for frequency offsets up to 10KHz 

under AWGN conditions and the results are shown in Figures 4.7 and 4.8, respectively. 

 It can be seen in Figure 4.7 that there is no error for SNR above -4dB and the 

maximum error is 16 samples for SNR less than -4dB. For a 4x oversampled signal this 

16-sample error is within 4 preamble samples and it is much less than the mean timing 

estimation error reported in [53]. Figure 4.8 shows that different carrier frequency offsets 

up to 10KHz have little or no impact on the performance of the proposed synchronization. 

The proposed scheme’s performance and its comparison with the symmetric cross-

correlation [77] and Distance-based algorithm [52, 53] is shown in Figure 4.9. The 
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comparison is carried out with four preamble repetitions, as stated in [77], and with 

preamble length ‘𝑁𝑁’ of 32 and 64-samples. The oversampling ratio (𝑂𝑂𝑠𝑠) of 4 and 8 has 

been used. Under the most demanding channel environment, LTE-ETU, the performance 

of all the three schemes improves with increase in 𝑁𝑁 and 𝑂𝑂𝑠𝑠, however, the proposed 

scheme performs better over the other two in similar conditions. 

 

Figure 4.10 and Figure 4.11 show the comparison of performance of distance-based 

algorithm [52, 53] with the proposed algorithm. In Figure 4.10, a preamble with a 128-

sample ZC sequence (𝑁𝑁), 2 preamble repetitions (𝑀𝑀) and oversampling ratio (𝑂𝑂𝑠𝑠) of 8 is 

used. The simulations were carried for different channel models. It can be seen from 

Figure 4.10 that the performance of the proposed synchronization method is better than 

the peak sample distance-based algorithm with ZC sequence as preambles. Further, 

Figure 4.11 compares the performance for different 𝑁𝑁 and 𝑂𝑂𝑠𝑠 for LTE-ETU channel 

 
Figure 4.7: Maximum timing estimation error under different frequency offsets.  
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Figure 4.8: Performance under AWGN with frequency offset.  

 

Figure 4.9: Performance comparison with symmetric cross-correlation and distance 
based timing synchronization. 
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environment. The improved performance of the proposed scheme is seen, this is 

especially so at lower SNR. Though [52, 53] introduce a correction factor based on CFO, 

in the current simulation CFO is set to Zero. 

 

The performance of the proposed synchronization under different preamble repetitions 

M and oversampling ratio 𝑂𝑂𝑠𝑠 is given in Figure 4.12 and Figure 4.13 for LTE-EVA and 

LTE-ETU channel environments. A 32-sample preamble at an oversampling ratio of 4 has 

been used for the results given in Figure 4.12. It can be seen that there is minimal change 

in performance for different preamble repetitions, this is mainly because, a single 

preamble from multiple repetitions for cross-correlation is derived. However, in Figure 

4.13 the improvement in performance with increase in oversampling ratio (𝑂𝑂𝑠𝑠) for a fixed 

32-sample preamble with two repetitions can be clearly seen. 

 

Figure 4.10: Performance comparison with distance based timing synchronization for 
all channels. 
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Figure 4.11: Performance comparison with distance based timing synchronization for 
different 𝑵𝑵 and 𝑶𝑶𝒔𝒔. 

 
Figure 4.12: Proposed synchronization’s performance for different preamble 

repetitions. 
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4.6 Proposed Implementation Architecture 

4.6.1 Computational Steps and Complexity Estimation 

The sequence of computational steps in the proposed timing synchronization scheme 

are given below in order to estimate the computational complexity. 

Step 1: Segmentation of the received samples. 

Based on the number of segments S and length of each segment (𝑁𝑁𝑂𝑂𝑠𝑠) of the received 

samples, it has been decided to use a circular register of size (𝑆𝑆𝑆𝑆𝑂𝑂𝑠𝑠), where the received 

samples are shifted sequentially in. 

Step 2: Decimation of the segmented and stored samples. 

 
Figure 4.13: Proposed synchronization’s performance for different 

oversampling ratio. 
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The decimation of the received samples is achieved by simply computing the sample 

indices of the decimated and derived preamble sequence elements as detailed in Section 

4.2. 

Step 3: Cross-correlation between the derived preamble sequence and the stored 

preamble sequence. 

Cross-correlation between the stored preamble sequence and the derived preamble 

sequence are the most computationally intensive tasks in the proposed technique. Cross-

correlation can be computed by directly evaluating the cross-correlation sum or efficiently 

computing via Fast Fourier Transforms (FFT) [103, 104] with suitable zero-padding for 

avoiding aliasing, sometimes referred to as Fast Correlation. However, the timing 

synchronization metric as in (4.3) is dependent on integer 𝑘𝑘 and 𝑘𝑘 ≪ 𝑁𝑁, the number of 

samples of the preamble sequence. This needs that the fast correlation is evaluated for a 

number of different lags and the number of lags can be equal to 𝑁𝑁. In this case, it is 

efficient to evaluate the cross-correlation by simply evaluating the sum (4.7). The sum 

indicated in (4.7) need to be evaluated on every sample. Table 4.2 shows the number of 

multiplications required in the computation of the cross-correlation for synchronization as 

compared to other schemes. Symmetric cross-correlation [77] performs two independent 

and parallel cross-correlations and multiplies the output, hence the number of 

multiplications is double the proposed scheme. Distance based algorithm [52, 53] 

performs cross-correlation over the length of the preamble to get two peaks at cross-

correlator output, for 𝑀𝑀 = 2. However when 𝑀𝑀 > 2, the stored preamble which is used 

for cross-correlation should also be increased so as to get two peaks at the cross- 

correlator, hence required number of multiplications increase with 𝑀𝑀. In the proposed 

scheme, the multiplications are independent of the number of repetitions as cross-

correlation is performed over the derived preamble, as in (4.6). 
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Table 4.2: Comparison of number of multiplications in cross-correlation for timing synchronization. 

Algorithm Number of Multiplications 

Proposed (𝑁𝑁𝑂𝑂𝑠𝑠)2 

Distance-based [52, 53] 𝑀𝑀
2

(𝑁𝑁𝑂𝑂𝑠𝑠)2 

Symmetric Cross-correlation [77] 2(𝑁𝑁𝑂𝑂𝑠𝑠)2 + 1 

 

The segmented nature of the cross-correlation in the proposed scheme allows for 

optimized implementation of cross-correlation. Figure 4.14 shows the architecture of the 

pipelined cross-correlator module.  

 

The number of segments, 𝑀𝑀, in the cross-correlation module is the same as the number 

of segments, 𝑆𝑆, in the circular register buffer used for storing the incoming samples. In the 

 

Figure 4.14: Implementation architecture of pipelined cross-correlator. 
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proposed implementation, 𝑀𝑀 and 𝑆𝑆 are set to 𝑂𝑂𝑠𝑠 the oversampling ratio. The pipelined 

cross-correlation has the advantage that only fewer number of multiplier units, logic and 

signal resources are used for the cross-correlator implementation as compared to 

conventional cross-correlator realization [103]. Fast multiplier architectures such as 

Booth Recoded Wallace Tree multipliers [105, 106] can be considered for fast 

multiplication. Apart from fast multipliers, a fast accumulator is required to complete the 

multiplier accumulations over 𝑀𝑀 segments. To satisfy the speed requirements one could 

use multi-operand adder architecture for the cross-correlator′s accumulator. 

Step 4: Thresholding and Peak Detection of the cross-correlation output. 

The peak value in the absolute square of the cross-correlation output is determined by 

thresholding and searching for the peak after the threshold has been exceeded. The 

threshold is dynamically determined using the windowed moving average of absolute 

square of cross-correlation output. However, for certain preamble repetitions which result 

in multiple peaks, another peak of lower magnitude at (𝑀𝑀𝑀𝑀𝑂𝑂𝑠𝑠) samples ahead and before 

the current peak is looked for and it is used in determining the frame start sample index. 

The threshold values are determined based on the mean value of cross-correlator output 

over a certain number of samples proportional to (𝑀𝑀𝑀𝑀𝑂𝑂𝑠𝑠). 

Step 5: Estimation of timing offset. 

The sample index with the maximum value of absolute square of the cross-correlation 

output gives the timing offset with respect to the received preamble sequence when no 

secondary peaks are present at either of those locations mentioned above, else the frame 

start sample index is determined by the sample index of the peak which occurs first in the 

time sequence. This sample index is used to determine the received sample data which is 

used for further processing. 
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4.6.2 Hardware Implementation 

4.6.2.1 Architecture for Proposed Synchronization 

Figure 4.15 shows the high-level architecture for the implementation of the proposed 

synchronization technique. 

 

 The proposed synchronization process needs to derive the preamble sequence elements 

by segmentation and decimation. For this purpose, a dedicated address generator circuit is 

used to generate the address of the register location of elements of the derived preamble 

sequence. The derived preamble yp is cross-correlated with the locally stored preamble in 

the cross-correlation module. Peaks in the output of the cross-correlator are determined. 

The offset of the peak with respect to the locally stored preamble is the estimated timing 

synchronization offset, which is used to compute the start of frame sample index time. 

The required RF gain for Automatic Gain Control (AGC) is determined by comparing 

peak amplitude of the cross-correlator output to a look-up table. The look-up table maps 

different range of peak outputs to different gain values. The gain is computed for each 

repetition of the preamble sequence and is applied till the received peak amplitude is in 

the required range. The cross-correlator module used for Gain Computation and Time 

 

Figure 4.15: High-level architecture of the proposed timing synchronization. 
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Synchronization could be multiplexed for reducing the hardware resources of the 

implementation, albeit with the use of higher operating clock frequency. 

The derived preamble sequence element’s addresses 𝑒𝑒[𝑛𝑛] is given by (4.11) 

 

 

where 𝑛𝑛 is the derived preamble sequence sample number, 𝑁𝑁 is the number of samples 

in the preamble sequence, 𝑀𝑀 is the number of repetitions of the preamble sequence, 𝑂𝑂𝑠𝑠 is 

the oversampling factor at signal digitization, 𝐷𝐷𝑠𝑠 is the decimation factor, 𝑀𝑀s is the 

preamble repetition number and 𝑀𝑀𝑑𝑑 is the preamble repetition number after the received 

samples are decimated by a factor of 𝐷𝐷𝑠𝑠. It has been noted that, a decimation factor of one 

(𝐷𝐷𝑠𝑠 = 1) gives better synchronization performance. Hence, throughout the simulations 

and implementation, the decimation factor 𝐷𝐷𝑠𝑠 is set to 1. 

Figure 4.16 shows the hardware architecture of the pipelined cross-correlator 

implementation.  

 

 

Figure 4.16: Hardware architecture of segmented cross-correlation implementation. 

𝑒𝑒[𝑛𝑛] = 𝑛𝑛 + �(𝑁𝑁𝑂𝑂𝑠𝑠)[(𝑛𝑛 − 1) − (𝑀𝑀𝑀𝑀𝑠𝑠)]� + (𝐷𝐷𝑠𝑠 − 1)𝑀𝑀𝑑𝑑                 (4.11)  
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The derived preamble register and the stored preamble registers are clocked at higher 

frequency (number of segmented vectors, 𝑀𝑀x) than the sampling frequency. This 

considerably reduces the overall hardware resource requirement and power consumption 

of the cross-correlator implementation. 

4.6.2.2 FPGA Implementation 

The proposed synchronization scheme including segmentation, decimation and timing 

synchronization technique has been coded in VHDL and implemented on a Xilinx′s 

ZC706 Evaluation Kit for Zynq 7000 FPGA. Zadoff-Chu (ZC) sequences of length 32 

(𝑁𝑁) are transmitted with repetition of 4 (𝑀𝑀). At the receiver, the baseband samples were 

over sampled by 4 (𝑂𝑂𝑠𝑠). The segmentation of the received samples was carried out by 

arranging the incoming input baseband samples into a M segment circular register buffer 

of total length (𝑁𝑁𝑁𝑁𝑂𝑂𝑠𝑠) The derived preamble is obtained by addressing the circular 

buffer based on the location as per the address generator given by (4.11). In the current 

implementation Zynq device′s DSP48 slices were used for the implementation of cross-

correlator. In order to compare the gain in hardware resources and power consumption 

while using the pipelined implementation of the cross-correlator, the cross-correlator is 

implemented in different ways, as a conventional full-parallel cross-correlator 

implementation [103] and also conventional synchronization which cross-correlates over 

the complete duration of the preamble. 

4.6.2.3 Hardware and Time Complexity Considerations 

The cross-correlation operation takes up most of the hardware and determines the time 

complexity of synchronization. The comparison of hardware requirement and the power 

consumption of the proposed segmented algorithm’s full-parallel and pipelined cross-
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correlator implementations with conventional synchronization are given in Table 4.3. It 

should be noted that the cross-correlator implementation of the proposed segmented 

algorithm’s full-parallel implementation and the conventional synchronization are the 

same, except that the number of cross-correlated samples are different. The proposed 

pipelined implementation involves a shorter critical path and can run at minimum clock 

period (MCP) of 14.78ns. The proposed design is capable of clocking at ~1.5 times higher 

speed than the full-parallel implementation (which requires a MCP of 23.48ns). In the 

FPGA implementation, a 40MHz processing clock has been used. Further, the pipelined 

cross-correlator implementation requires at least 3 times less hardware resources such as 

DSP48s, logic and signals as compared to the full-parallel/conventional implementation 

of the cross-correlator.  

The total power consumption of the pipelined cross-correlator module implementation 

is 1.3x less than the full-parallel/conventional implementation of the cross-correlator 

when run at their respective maximum usable frequencies. Most of the power savings is 

from the dynamic power, which is from the reduced use of hardware, more particularly, 

the clock and signal resources for pipelined implementation. The energy consumption per 

MCP cycle for cross-correlator implementation in the proposed synchronization using 

pipelined cross-correlator implementation is 55% less compared to that of both full-

parallel and conventional synchronization implementation. Here it needs to be noted that 

the energy consumption is dependent on how long the cross-correlator is kept active 

looking for the synchronization pattern.  

The energy consumption is computed based on the number of samples used for cross-

correlation at 40MHz processing clock of the FPGA implementation and the total static 

power over the entire duration of the preamble. Over the total duration of the 

implemented preamble sequence, which is 51.2us, based on 32 symbol preamble, with 4 
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repetitions at 2.5MHz bandwidth, the pipelined implementation’s energy consumption is 

14% less compared to that of full-parallel implementation and 57% less as compared to 

the conventional synchronization implementation such as those presented in [52, 53, 77]. 

Table 4.3: Comparison of proposed segmented synchronization’s full-parallel and pipelined 
implementation with conventional cross-correlator synchronization. 

Implementation 
/ Parameter 

Proposed segmentation 
synchronization Conventional 

Synchronization 
Overall 

reduction Full-
parallel Pipelined Reduction 

Number of 
samples cross-

correlated 
128 128 0 512 73% 

Number of 
DSP48s 520 136 ~73% 520 ~73% 

Logic LUTs 10241 2490 ~75% 10241 ~75% 

MCP (ns) 23.48 14.78 ~37% 23.48 ~37% 

Static Power 
(mW) 213.88 212.50 <1% 213.88 <1% 

Dynamic Power 
(mW) 433.34 249.92 ~42% 433.34 ~42% 

Total Power 
(mW) @ 
40MHz 

647.22 462.41 ~28% 647.22 ~28% 

Energy 
Consumption @ 

40MHz over 
duration of 

preamble (uJ) 

4.12 3.51 ~14% 8.28 ~57% 

4.7 Summary 

An efficient cross-correlation algorithm for robust synchronization for frame based 

burst communication systems with multiple repetitions of preambles has been proposed. 

The proposed synchronization is achieved by cross-correlation of local preamble replica 

with the segmented and decimated samples of the copies of the received preamble. The 

suitability of this synchronization approach for systems operating in high-mobility 
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environments has been shown through MATLAB simulations over different propagation 

channels such as AWGN and various LTE channel models. Performance of the proposed 

synchronization has been simulated over different oversampling ratio, number of 

preamble repetitions and preamble length. Robustness of the proposed algorithm has been 

demonstrated by adding different frequency offsets and Doppler shifts to these channel 

models with limited to no-change in the timing estimation performance. It has been noted 

that the maximum timing estimate error is reduced compared to other synchronization 

approaches, especially in low SNR scenarios. The segmented nature of the algorithm 

allows for computationally efficient hardware implementation of the proposed algorithm. 

The proposed approach has been implemented on Xilinx FPGA platform for functional 

validation and performance evaluation. The proposed pipelined implementation of the 

cross-correlator has resulted in nearly 37% reduction in minimum usable clock period, 

28% reduction in power consumption and 73% reduction in usage of FPGA hardware 

resources such as DSP blocks, logic and signals over the conventional correlation. It is 

also found to offer nearly 55% lower per cycle energy consumption over the full-parallel 

implementation and 57% reduction as compared to the conventional cross-correlator 

based synchronization. Overall, the proposed synchronization approach has shown to be 

suitable for efficient hardware implementation with improved synchronization 

performance. 

Given the proposed synchronization approach’s hardware efficiency and minimal 

timing offset error, in the next chapter it will be shown how these advantages aid in the 

overall system. To demonstrate these, 1) Fast Synchronization and acquisition of 

frequency hopping signals and 2) Fractional time delay estimation using multiple 

antennas, which can be used for ranging and localization purposes, have been proposed. 
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5 Adaptation of Proposed Time 
Synchronization for FH 
Acquisition and Fractional Time-
Delay ToA Estimation 

5.1 Overview 

In Chapter 4, an efficient cross-correlation algorithm for robust time synchronization 

of burst signals has been presented. The proposed method provides a resource efficient 

hardware implementation of the cross-correlation based time synchronization 

functionality in a CR receiver. In this chapter, taking advantage of the resource efficiency 

and robustness of the proposed synchronization scheme, two adaptations of the method 

are presented. First, it is applied to realize a fast acquisition and time synchronization 

scheme for frequency hopping (FH) signals which is presented in Section 5.1. In Section 

5.2, the proposed synchronization scheme is used for determining the fractional time-

delay time-of-arrival (ToA) estimation of OFDM-WLAN signals, which aids in reducing 

wireless positioning error by improving the ToA estimation accuracy of wireless burst 

signals. 
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5.2 Fast Acquisition and Time Synchronization 
of Frequency Hopping Burst Signals 

5.2.1 Overview 

Frequency hopping (FH) is used in different communications systems due to its 

robustness by providing frequency diversity against jamming and interfering signals [39, 

40]. Successful detection and demodulation of a frequency hopping signal is dependent 

on proper tuning to the receiver to the transmit frequency and time synchronization of the 

receiver with the received burst signal. An important aspect of successfully receiving FH 

bursts is the initial acquisition and determination of subsequent hop frequencies. The total 

time for initial acquisition of the FH sequence is important in burst systems, since one lost 

burst amounts to loss of user data and possibly late entry into a network of nodes, 

delaying the overall network formation. 

In this chapter, based on the synchronization technique proposed in Chapter 4, a 

scheme for fast acquisition and time synchronization of FH burst signals is proposed. In 

the proposed approach, acquisition and time synchronization are achieved simultaneously. 

In this two–level scheme, the received signal is first down-converted to a digital IF 

frequency using a broadband digital down-converter. The broadband digital IF consists of 

multiple FH frequencies from the FH frequency set, each at different frequency offsets. 

Cross-correlation of the received broadband digital IF is performed with a modified 

replica of the reference preamble sequence, individually for each of the digital IF 

frequency offsets, for determining the presence of the desired signal in that particular 

frequency offset. The modified reference ZC preamble sequence is generated by 

modulating it to the center frequency of FH bin before cross-correlation. If performed 

conventionally this will increase the total number of multipliers needed for cross-
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correlation. However, when the synchronization technique proposed in Chapter 4 is used 

and by using a signum based cross-correlation, where only the sign-bit of each sample is 

used for cross-correlation, the hardware resources required for the cross-correlation are 

reduced. Especially, use of multipliers is eliminated, as multiplication in signum cross-

correlator can be implemented with XNOR logic gates. 

A two-level acquisition based scheme for fast acquisition of the frequency hopping and 

time synchronization of FH burst signals with Zadoff-Chu (ZC) based synchronization 

preambles is presented in this Section. The simulation results detailing the proposed 

scheme’s performance and a low complexity hardware implementation architecture are 

presented.  

In sub-section 5.1.2, the system model is presented and the proposed solution is 

described in sub-section 5.1.3. The advantages and disadvantages of the proposed scheme 

in comparison with conventional schemes are discussed in sub-section 5.1.4. In sub-

section 5.1.5, the computer simulation setup and results for timing synchronization 

performance are presented. Implementation architecture of the proposed scheme is 

presented in sub-section 5.1.6 and sub-section 5.1.7 concludes the above work. 

5.2.2 System Model 

The signal burst in each of the transmitted FH frequency has a ZC sequence preamble 

with multiple repetitions followed by a data payload which contains information on the 

FH frequency set and the FH sequence. The signal structure is shown in Figure 5.1. 

A transmit burst will be transmitted in any of the frequency hop bins, 𝑓𝑓1,𝑓𝑓2, 𝑓𝑓3, … ,𝑓𝑓𝑏𝑏 at 

hop times ℎ1,ℎ2,ℎ3, … , ℎ𝑎𝑎. The sequence of hop frequencies is generally determined by a 

Pseudo-Noise (PN) sequence and the hop duration is determined by the total number of 

frequency hops per second. Time synchronization is achieved using synchronization 
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preambles in the transmit burst. The transmit packets contain a preamble section, which is 

used for time synchronization of the incoming burst and a data section as shown in Figure 

5.1. The data section contains the user data, along with information on the FH sequence. 

Successful acquisition of the hop frequency sequence could be achieved when at least a 

single burst’s data is successfully decoded at the receiver. 

 

The transmit FH burst consists of a ZC sequence of length ‘𝑁𝑁’. The transmit preamble 

ZC is generated with root index ‘𝑢𝑢’ and it’s 𝑖𝑖𝑡𝑡ℎ sample 𝑥𝑥[𝑖𝑖] is  

 

The above sequence is repeated ‘𝑀𝑀’ times and the remainder of the hop time ‘𝑇𝑇ℎ’ is the 

data payload. The preamble ZC sequence, 𝒙𝒙, is a (𝑁𝑁 − 1) length vector 

 

Where ( )T  represents the transpose of the vector. 

 

Figure 5.1: Frequency hopping burst structure [107]. 

𝑥𝑥[𝑖𝑖] = 𝑒𝑒𝑗𝑗
𝜋𝜋
𝐿𝐿𝑢𝑢𝑖𝑖

2
        0 ≤ 𝑖𝑖 ≤ 𝑁𝑁 − 1              (5.1) 

𝒙𝒙 = (𝑥𝑥(0), . . . . , 𝑥𝑥(𝑁𝑁 − 1))𝑇𝑇          (5.2) 
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The ‘𝑀𝑀’ times repeated transmit preamble, ‘𝑋𝑋’, is a simple concatenation of vectors 

‘𝒙𝒙’ at the transmitter of length ‘𝑀𝑀𝑀𝑀’. 

 

In the receiver, after digital down conversion, the received signal  𝑦𝑦[𝑛𝑛] is  

 

where ‘𝑑𝑑’ is the time offset which needs to be estimated to achieve time 

synchronization with the incoming burst signal and 𝑤𝑤[𝑛𝑛] is the Additive White Gaussian 

Noise (AWGN) associated with the  𝑛𝑛𝑡𝑡ℎ sample. 

After baseband conversion of the received signal, ‘𝑓𝑓𝑖𝑖’ would have been the carrier 

frequency offset (𝑓𝑓𝐶𝐶𝐶𝐶𝐶𝐶) as seen at the receiver due to transmitter and receiver frequency 

mismatch. However, in the proposed scheme, ‘𝑓𝑓𝑖𝑖’ will also include the passband 

frequency offset 𝑓𝑓𝑐𝑐𝑐𝑐 for that particular channel from the digital IF frequency of ‘𝑓𝑓𝐼𝐼𝐼𝐼’. 

 

Unlike the carrier frequency offset (𝑓𝑓𝐶𝐶𝐶𝐶𝐶𝐶), an unknown parameter at initial acquisition, 

the frequency offset (𝑓𝑓𝑐𝑐𝑐𝑐) is fixed at design time and is at least twice the bandwidth of the 

transmitted signal in order to avoid the overlapping of signals from two adjacent 

channels, even though both the channels may not be occupied at the same hop time ‘ℎ𝑖𝑖’. 

Conventionally, to estimate ‘𝑑𝑑’, the received signal time offset representing the start of 

the burst, one could auto-correlate or cross-correlate [50, 53, 55, 68, 77] the received 

signal ‘𝑦𝑦[𝑛𝑛]’ with its own delayed version or with the locally stored replica of the 

transmit preamble sequence. The cross-correlation is given as 

 

 

𝑿𝑿 =  [𝒙𝒙𝑇𝑇 𝒙𝒙𝑇𝑇 𝒙𝒙𝑇𝑇 … .𝒙𝒙𝑇𝑇]𝑇𝑇            (5.3) 

𝑦𝑦[𝑛𝑛] = 𝑒𝑒𝑗𝑗
2𝜋𝜋
𝑁𝑁 𝑛𝑛𝑛𝑛𝑖𝑖  𝑋𝑋[𝑛𝑛 − 𝑑𝑑] + 𝑤𝑤[𝑛𝑛]              (5.4) 

𝑓𝑓𝑖𝑖 = 𝑓𝑓𝐼𝐼𝐼𝐼  ± (𝑓𝑓𝑐𝑐𝑐𝑐 + 𝑓𝑓𝐶𝐶𝐶𝐶𝐶𝐶)                    (5.5) 

𝑟𝑟[𝑘𝑘] = � 𝑦𝑦[𝑛𝑛 + 𝑘𝑘]
𝑀𝑀𝑀𝑀−1

𝑛𝑛=0

(𝑋𝑋∗[𝑛𝑛]) (5.6) 
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where |. | denotes the absolute value and * is the complex conjugate operator. 

Since, the preamble ZC sequence is repeated ‘𝑀𝑀’ times, the above cross-correlation 

has multiple peaks, ideally ‘𝑀𝑀’, one for each repetition of the preamble ZC sequence. The 

detection of the preamble sequence and an estimate of ‘𝑑𝑑’, is obtained based on the 

distance between the peaks (of  𝑟𝑟[𝑘𝑘]).  

 

 

 

Since w[𝑛𝑛] is AWGN, one can ignore the contribution of the 2nd summation in (5.7). 

However,  𝑦𝑦[𝑛𝑛] has a large frequency offset 𝑓𝑓𝑖𝑖, due to the passband frequency offset 𝑓𝑓𝑐𝑐𝑐𝑐, 

the cross-correlator output magnitude produces a large variation depending on 𝑓𝑓𝑖𝑖 in (5.5). 

Also since the cross-correlation is performed at the digital IF, the number of samples 

required for cross-correlation of the preamble sequence is large. This increases the overall 

complexity of the hardware required for such an implementation. 

5.2.3 Proposed Acquisition and Synchronization 

The synchronization mechanism described in Chapter 4 is used to derive preamble 

sequence from the received samples, 𝒚𝒚𝑝𝑝.  

 

 

where 𝑁𝑁1 = (𝑂𝑂𝑠𝑠 ∗ 𝑁𝑁);  0 ≤ 𝑛𝑛 ≤ �𝑁𝑁
1

𝑀𝑀
− 1� and 0 ≤ 𝑚𝑚 ≤ (𝑀𝑀 − 1); 𝑁𝑁 is the number of 

samples in the preamble, 𝑂𝑂𝑠𝑠 is the sampling factor and 𝑀𝑀 is the number of repetitions in 

the preamble sequence. From (5.4), 𝒚𝒚𝑝𝑝 can be re-written as  

𝑟𝑟[𝑘𝑘] = � 𝑒𝑒𝑗𝑗
2𝜋𝜋
𝑁𝑁 (𝑛𝑛+𝑘𝑘)𝑓𝑓𝑖𝑖  𝑋𝑋[𝑛𝑛 − 𝑑𝑑 + 𝑘𝑘]

𝑀𝑀𝑀𝑀−1

𝑛𝑛=0

(𝑋𝑋∗[𝑛𝑛])  

+     � 𝑤𝑤[𝑛𝑛 + 𝑘𝑘]
𝑀𝑀𝑀𝑀−1

𝑛𝑛=0

(𝑋𝑋∗[𝑛𝑛])  

(5.7) 

𝑦𝑦𝑝𝑝[𝑛𝑛𝑛𝑛 + 𝑚𝑚] =  𝑦𝑦[𝑛𝑛𝑛𝑛 + 𝑀𝑀(𝑁𝑁1 + 1)]   

   

(5.8) 
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where 𝑞𝑞 =  𝑛𝑛𝑛𝑛 + 𝑚𝑚 is derived as in (5.8). This segmentation and decimation of 𝑦𝑦[𝑛𝑛] 

to derive 𝑦𝑦𝑝𝑝[𝑞𝑞] reduces the number of samples required for cross-correlation and also 

reduces the multiple peaks at the cross-correlator output as shown in sub-section 4.3. 

However, the variation of the cross-correlator magnitude due to ‘𝑓𝑓𝑖𝑖’ remains. 

In order to compensate for the effect of 𝑓𝑓𝑖𝑖, instead of using a conjugate of the baseband 

ZC sequence 𝑥𝑥[𝑖𝑖], a conjugate of 𝑥𝑥𝑟𝑟𝑟𝑟𝑟𝑟[𝑖𝑖] is used, which is an up-converted version of 

𝑥𝑥[𝑖𝑖], up-converted to 𝑓𝑓𝐼𝐼𝐼𝐼  ± 𝑓𝑓𝑐𝑐𝑐𝑐 with the same sampling factor 𝑂𝑂𝑠𝑠. Since this frequency 

offset (𝑓𝑓𝐼𝐼𝐼𝐼  ± 𝑓𝑓𝑐𝑐𝑐𝑐) is known at design time, this up-converted sequence 𝑥𝑥𝑟𝑟𝑟𝑟𝑟𝑟[𝑖𝑖] is 

precomputed and stored at the receiver. It is given as  

 

 

With the above modified reference ZC sequence, the cross-correlator output 𝑟𝑟𝑖𝑖𝑖𝑖[𝑘𝑘], 

ignoring the noise term in (5.7) can be written as  

 

 

 

After substituting for 𝑓𝑓𝑖𝑖 and 𝑥𝑥𝑟𝑟𝑟𝑟𝑟𝑟[𝑞𝑞] from (5.5) and (5.10) in (5.11), we have 

 

In (5.12), the overall effect of 𝑓𝑓𝐼𝐼𝐼𝐼 on 𝑟𝑟𝑖𝑖𝑖𝑖[𝑘𝑘] is removed. But due to the excellent cross-

correlation properties of ZC sequences, there are still multiple peaks (as mentioned in 

sub-section 4.3) but of relatively lower magnitude as compared to that obtained at the 

𝑥𝑥𝑟𝑟𝑟𝑟𝑟𝑟[𝑖𝑖] =  𝑒𝑒𝑗𝑗
2𝜋𝜋
𝑁𝑁 𝑚𝑚(𝑓𝑓𝐼𝐼𝐼𝐼±𝑓𝑓𝑐𝑐𝑐𝑐)𝑋𝑋[𝑚𝑚]  0 ≤ 𝑚𝑚 ≤ 𝑀𝑀𝑀𝑀 − 1  

  

𝑟𝑟𝑖𝑖𝑖𝑖[𝑘𝑘] = � 𝑒𝑒𝑗𝑗
2𝜋𝜋
𝑁𝑁 (𝑞𝑞+𝑘𝑘)𝑓𝑓𝑖𝑖  𝑋𝑋[𝑞𝑞 − 𝑑𝑑 + 𝑘𝑘]

𝑀𝑀𝑀𝑀−1

𝑞𝑞=0

(𝑥𝑥𝑟𝑟𝑟𝑟𝑟𝑟∗[𝑞𝑞]) (5.11) 

𝑦𝑦𝑝𝑝[𝑞𝑞] =  𝑒𝑒𝑗𝑗
2𝜋𝜋
𝑁𝑁 𝑞𝑞𝑞𝑞𝑖𝑖  𝑋𝑋[𝑞𝑞 − 𝑑𝑑] + 𝑤𝑤[𝑞𝑞];   0 ≤ 𝑞𝑞 ≤ 𝑀𝑀𝑀𝑀 − 1  

   
(5.9) 

𝑟𝑟𝑖𝑖𝑖𝑖[𝑘𝑘] = 𝑒𝑒±𝑗𝑗2𝜋𝜋𝑁𝑁 𝑘𝑘𝑘𝑘𝑖𝑖 � 𝑒𝑒±𝑗𝑗2𝜋𝜋𝑁𝑁 𝑞𝑞𝑞𝑞𝐶𝐶𝐶𝐶𝐶𝐶𝑋𝑋[𝑞𝑞 − 𝑑𝑑 + 𝑘𝑘]
𝑀𝑀𝑀𝑀−1

𝑞𝑞=0

(𝑋𝑋∗[𝑞𝑞]) (5.12) 

(5.10) 
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output of the cross-correlator, when cross-correlating the complete repetitions of the ZC 

sequence preamble. The cross-correlator output 𝑟𝑟𝑖𝑖𝑖𝑖[𝑘𝑘] of the incoming preamble sequence 

with the up-converted ZC sequence exhibits a single peak, which is used to estimate ‘𝑑𝑑’ 

the time delay, ‘𝑑𝑑𝑒𝑒𝑒𝑒𝑒𝑒’. 

 

 

In (5.12), computation of 𝑟𝑟𝑖𝑖𝑖𝑖[𝑘𝑘] is performed on samples at passband frequency 

(𝑓𝑓𝐼𝐼𝐼𝐼 ± 𝑓𝑓𝑐𝑐𝑐𝑐). The number of samples that need to be cross-correlated is larger than that of a 

baseband cross-correlator. This increases the total number of multiplications required to 

compute the cross-correlation and subsequently the hardware resources needed for the 

implementation. In order to reduce the number of computations, the constant amplitude 

and excellent cross-correlation properties of the ZC sequences [107] are exploited and a 

signum based cross-correlator [66, 109] is implemented.  Each complex real and 

imaginary sample of the sequence being cross-correlated is converted based on the 

signum function 

 

 

By using the signum, the computation of the complex multiplication is easily realized 

using XNOR functionality, thereby reducing the overall hardware implementation 

complexity. 

A simplified block diagram of the proposed acquisition and time synchronization 

scheme is shown in Figure 5.2. The incoming analog signal from RF frontend is digitized 

and down converted on to a digital IF,  𝑓𝑓𝐼𝐼𝐼𝐼 by a broadband Digital IF downconverter. 

𝑑𝑑𝑒𝑒𝑒𝑒𝑒𝑒 =  𝑎𝑎𝑎𝑎𝑎𝑎 max 
𝑘𝑘
�𝑟𝑟𝑖𝑖𝑖𝑖[𝑘𝑘]� (5.13) 

𝑠𝑠𝑠𝑠𝑠𝑠(𝑥𝑥) = �
−1, 𝑥𝑥 < 0 
0,   𝑥𝑥 =  0
1,   𝑥𝑥 > 0

     (5.14) 
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 The broadband digital IF contains multiple narrowband channels positioned at offset, 

±𝑓𝑓𝑐𝑐𝑐𝑐. Each of the down converted digital IF channel is cross-correlated with a locally 

stored preamble sequence which is up converted to its corresponding digital IF 

frequency, 𝑓𝑓𝐼𝐼𝐼𝐼±𝑓𝑓𝑐𝑐𝑐𝑐. Each of the cross-correlator’s peaks is detected and the acquisition 

decision along with the estimate of the time offset is made. The detected channel 

frequency information is fed back to the digital IF downconverter which retunes its digital 

IF frequency so that a down converted baseband IQ signal is available at its output.  

The baseband IQ signal is appropriately filtered, demodulated and its data is decoded. 

The decoded data of the burst provides further information on the next FH bin, to which 

the digital IF is tuned to. Since the channel is searched over multiple frequency bins 

simultaneously, the overall acquisition time of the FH signal is reduced as it reduces the 

search region by the order of the number of parallel digital IF channels. 

 

Figure 5.2: Block diagram of the proposed scheme. 
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5.2.4 Advantages and Disadvantages 

The main advantages of the proposed scheme for frequency hopping (FH) signals are  

1) Reduced FH acquisition time 

With a number of parallel cross-correlators operating on multiple digital IF channels 

simultaneously, the total time for FH sequence acquisition is reduced by the number of 

parallel cross-correlators used. 

2) Reduced hardware resources for implementation 

In the proposed scheme, the derived preamble sequence (as discussed in Chapter 4) 

from the received signal for cross-correlation is used. Also signum based cross-correlators 

are used for implementation. These are implemented on FPGA with minimal number of 

multipliers (DSP48E slices). This results in reduced complexity and hardware resource 

requirement for implementation. 

The main disadvantage of the proposed scheme is that it is implemented on digital IF. 

This requires wideband digitizers, however the increased availability of integrated 

wideband RF receiver chipsets [110] makes it easier to implement. Another disadvantage 

is the larger number of samples needed for cross-correlation, compared to baseband cross-

correlation based synchronization implementation. Though the number of samples are 

reduced with derived preamble implementation, they can be reduced further with 

appropriate sub-nyquist sampling. 

5.2.5 Simulation and Results 

To validate the proposed scheme and to demonstrate its effectiveness by quantifying 

the performance of the proposed scheme, MATLAB Monte Carlo simulations have been 

carried out on four digital IF channels. The sample rate is set at 56MHz with different IF 

channels placed at 3MHz, 6MHz, 9MHz and 12MHz. These frequencies were chosen to 
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specifically demonstrate the validity of the proposed scheme on harmonic multiple 

frequencies. The transmit preamble sequence used is a ZC sequence of 128 samples, 

which was repeated 4 times, creating a total preamble length of 512 samples. The 

bandwidth of each channel was set at 1MHz with time domain ZC preamble sequences.  

The proposed scheme’s performance was evaluated for AWGN and LTE-EPA, LTE-

EVA, LTE-ETU [111] and 6-path Rician multipath channel models. All the performances 

have been evaluated based on synchronization rate. The synchronization rate is the ratio 

of received burst preambles which are detected to the total number of transmitted burst 

preambles. The received burst preambles are declared as detected when the time offset to 

the start of the incoming preamble sequence is correctly estimated. The channel has been 

declared as synchronized and detected with time offset estimation completed when 

preamble is detected and the estimated time is within one baseband sample of the 

transmitted preamble sequence.  

Figure 5.3 shows the synchronization performance of channel-1, a 3MHz IF channel, 

when detected through a wideband digital IF with respect to the synchronization 

performance when detected as a single IF channel. In the wideband digital IF all the four 

channels were injected with different offsets of the same preamble sequence but 

modulated to different IF frequencies (3MHz, 6MHz, 9MHz and 12MHz). It can be seen 

that the wideband digital IF detection is similar to single IF channel performance for up to 

-5dB SNR. Below -15dB SNR, the performance of wideband digital IF scheme starts to 

degrade for LTE-EVA and LTE-ETU channels, mainly due to multipath. It is still within 

the 99% for up to -20dB SNR. 

The detection performance of different IF channels is shown in Figure 5.4. For this 

simulation, the same preamble sequence was introduced in all the four channels but with 
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different time offsets. It can be seen that the performance of all IF channels is similar and 

is within 99% for above -20dB SNR. 

 

The reduction in detection performance when using signum cross-correlators with 

respect to full-precision correlators has been simulated and given in Figure 5.5. It can be 

seen that the difference is within 0.01 when the SNR is greater than -20dB for all the four 

digital IF channels over AWGN, LTE-EVA and LTE-ETU propagation channels. 

 

 
Figure 5.3: Performance of channel one (3MHz) when detected through a 
wideband digital IF as compared to it’s detection as a single IF channel. 
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Figure 5.4: Performance of different channels when detected through a 

wideband digital IF. 

 
Figure 5.5: Difference in performance when signum correlators are used instead 

of full-precision correlators. 
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5.2.6 Implementation Architecture 

Receiver hardware implementation architecture for the proposed synchronization is 

given in Figure 5.6. The hardware is mapped to a platform consisting of Analog Devices 

FMCOMMS3 [110] based analog front end, which is connected to a Xilinx ZC706 Zync 

FPGA evaluation board. The FMCOMMS3 is a wideband analog front end which 

provides a tuning range from 70MHz to 6GHz, based on the AD9361 Wideband RF 

Transceiver chipset. In the proposed scheme, the sample rate (the ADC sampling rate is 

higher) at the output of the chipset is set at 56MHz with a bandwidth of 28MHz centered 

around 14MHz digital IF. The Xilinx ZC706 evaluation board which carries the 

FMCOMMS3 on one of its FMC sites, has a Zynq-7000 XC7Z045 SoC. 

 

The FH burst is of 1MHz bandwidth with a ZC preamble of 128 samples, which are 

repeated 4 times. With the set sampling rate of 56MHz, it is required to cross-correlate a 

sequence of length 7168 samples for each IF channel at the receiver. This will lead to a 

 

Figure 5.6: High-level implementation architecture mapping of the receiver. 
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complex synchronizer. However, since the proposed implementation is based on signum 

correlators, it uses only two DSP48E multiplier slices (used in computing the magnitude) 

of the FPGA, thereby reducing the complexity of the overall FPGA design. 

5.2.7 Summary 

The delay in acquiring the FH signal is undesirable as it leads to data packets loss in a 

communication system. Timing synchronization of the received data payload is also 

important for proper demodulation and decoding of the received data. A scheme and a 

high-level hardware implementation architecture is presented, which addresses these two 

issues. The proposed scheme acquires FH signals by searching for the preamble 

sequences simultaneously over multiple FH frequency bins and determines the time offset 

estimate based on the detection of the preamble sequence. The segmentation and 

decimation technique proposed in Chapter 4 is utilized for reducing the overall 

complexity of the proposed scheme. The performance of the proposed scheme over 

AWGN, LTE multipath propagation channels and a 6-path Rician propagation channel 

has been quantified through computer simulations. The synchronization performance of 

the proposed scheme over wideband digital IF is seen to be similar to conventional 

baseband synchronization and over single IF channel. This along with the simplified 

hardware resource requirement due to the use of signum cross-correlators makes the 

proposed scheme competitive over conventional baseband approaches for acquisition and 

synchronization of FH burst signals. 
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5.3 Fractional Time Delay ToA Estimation 
Using Short Preambles For OFDM-WLAN 

5.3.1 Overview 

Wireless signals, apart from providing data connectivity, have also been used for 

determination of position of wireless devices relative to other devices. WirelessLAN 

(WiFi) hotspots, of which OFDM-WLAN (802.11a/g/n/ac) [29] access points (AP) 

offering higher data rates, are increasingly being deployed in both indoor and outdoor 

environments. They provide wireless data connectivity and consequently are being used 

to reduce internet traffic load on traditional cellular networks. With most mobile terminals 

being equipped with OFDM-WLAN capability, WLAN APs based localization is 

becoming the preferred choice for positioning. With the over-the-air travelled distance of 

a radio frequency (RF) signal directly proportional to time of travel, most of the 

techniques derive position information based on time-of-flight of the signal from multiple 

anchor node transmitters to the wireless receiver. Several localization approaches such as 

Received Signal Strength (RSS), Time of Arrival (ToA), Time Difference of Arrival 

(TDoA) [111], Four-way ToA [112], Angle of Arrival (AoA) [113] and Two-way 

Ranging are available for deriving the position information with WLAN APs or a 

combination of any of these are used to estimate the location of the mobile terminal. 

Performance of these ranging and localization schemes is dependent on the accuracy of 

Time of Arrival (ToA) estimation of the incoming OFDM-WLAN signal. It is mentioned 

in [114-116] that the Cramer Rao Lower Bound (CRLB) for ToA estimation accuracy is 

dependent on the highest operating frequency, operating bandwidth, observation time 

duration and the transmit power. 
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 Apart from the timing synchronization accuracy across multiple anchor node 

transmitters [117], accuracy of the estimated time-of-arrival of the transmitted signal at 

the receiver determines the accuracy of the estimated position information. With these 

different algorithms already presented in the literature, none of them make use of the 

multiple antennas, which are already introduced in the IEEE 802.11 standards and 

provide a low complexity solution for hardware implementation for ToA estimation. In 

this Section, based on the synchronization technique given in Chapter 4, a novel time 

domain fractional time delay ToA estimation method is proposed. The estimation is 

derived based on cross-correlation of an oversampled and rearranged received signal with 

a stored SP replica. The preprocessing of rearranging the received signal is similar to that 

proposed in Chapter 4. The fractional time delay ToA is estimated based on the use of 

multiple receiver antennas to reduce the error in the fractional time delay estimate. In the 

proposed method, the ToA estimates at individual antennas are combined to determine the 

fractional time delay estimate. Two different cases, when the direction of arrival of the 

OFDM-WLAN is known and when it is unknown are both discussed. 

In the remainder of this section, in sub-section 5.2.2, the system model with OFDM-

WLAN’s preamble structure is presented. In Sub-section 5.2.3, description of the 

proposed fractional time delay estimation solution and its extension to multiple antenna 

receiver configurations is presented. The performance results of the proposed algorithm 

derived through computer simulation are given in sub-section 5.2.4 and a brief summary 

with conclusions are provided in sub-section 5.2.5. 

5.3.2 System Model 

The preamble sequence of OFDM-WLAN shown in Figure 5.7 has 10 short preambles 

(SP), each of 0.8usec duration. These are BPSK-OFDM symbols which occupy 12 
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subcarriers. In time domain each SP is of 16 chips length. GI is the OFDM symbol guard 

interval and LP the long preamble [29]. 

 

The transmit OFDM-WLAN preamble ‘𝐱𝐱’ has 𝑀𝑀 = 10 repetitions of the short 

preamble ‘𝒙𝒙’. 

  

In time domain, each of the identical short preamble ‘𝑥𝑥(𝑚𝑚)’ is a complex time sequence 

of 𝑁𝑁 = 16 chips which can be represented as 

 

The received OFDM-WLAN short preamble samples can be expressed as 

 

Let 𝑦𝑦[𝑛𝑛] be the sampled equivalent of 𝑦𝑦[𝑡𝑡]. With ‘𝜀𝜀’ being the carrier frequency offset, 

‘𝛼𝛼(𝑙𝑙)’ the channel coefficient of the ‘𝑙𝑙th’ path with propagation delay ‘𝜏𝜏(𝑙𝑙)’, and 𝑈𝑈(𝑛𝑛) the 

nth sample’s additive white Gaussian noise. At the receiver, the received signal is 

oversampled by a factor of ‘𝑂𝑂𝑠𝑠’. Let ‘𝑂𝑂𝑠𝑠 = 𝑀𝑀’, the number of SP repetitions, ‘𝑇𝑇𝑏𝑏’ the 

transmit signal sample period and the oversampled sample period, ‘𝑇𝑇𝑠𝑠 =  𝑇𝑇𝑏𝑏
𝑣𝑣

’. 

The propagation delay ‘𝜏𝜏(𝑙𝑙)’ is a summation of integer delay ‘𝜏𝜏𝑖𝑖(𝑙𝑙)’ and fractional 

delay ‘𝜏𝜏𝑓𝑓(𝑙𝑙)’. Conventionally in OFDM-WLAN, SPs have been auto-correlated to 

 

Figure 5.7: Preamble structure of OFDM-WLAN [29]. 

𝐱𝐱 = [𝒙𝒙(1) 𝒙𝒙(2) 𝒙𝒙(3) … 𝒙𝒙(𝑀𝑀)]     

𝒙𝒙(𝑚𝑚) = [𝑥𝑥1
(𝑚𝑚) 𝑥𝑥2

(𝑚𝑚) 𝑥𝑥3
(𝑚𝑚) … 𝑥𝑥𝑁𝑁

(𝑚𝑚)]  

𝑦𝑦[𝑡𝑡] = 𝑒𝑒𝑗𝑗2𝜋𝜋𝜋𝜋𝜋𝜋�𝛼𝛼(𝑙𝑙) 𝑋𝑋�𝑡𝑡 −  𝜏𝜏(𝑙𝑙)�
𝐿𝐿−1

𝑙𝑙=0

+ 𝑈𝑈(𝑡𝑡)  

        

(5.17) 

(5.16) 

(5.15) 
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(5.21) 
        

achieve symbol time synchronization. This approach is sufficient to estimate 𝜏𝜏(𝑙𝑙) within 

the variance of the OFDM symbol’s guard time [113]. However, for positioning 

applications, 𝜏𝜏𝑓𝑓(𝑙𝑙) is of importance. More specifically, the propagation delay of the direct 

path 𝜏𝜏(0), including the fractional delay 𝜏𝜏𝑓𝑓(0) is to be estimated. When ‘𝑇𝑇𝑠𝑠 →  𝜏𝜏�0�’, the 

estimate is accurate. 

 (5.17) can be re-written by separating direct path and multipath components as 

 

where ‘𝐷𝐷(𝑛𝑛𝑇𝑇𝑠𝑠)’ is the desired direct path and ‘𝐼𝐼(𝑛𝑛𝑇𝑇𝑠𝑠)’ the multipath components. 

 

 

 For OFDM-WLAN, cross-correlation output ‘𝑟𝑟[𝑘𝑘]’ of the received signal with the 

stored preamble replica will be 

 

where |. | denotes the absolute value and * is the complex conjugate operator. 

However, depending on the number of samples that are being  cross-correlated and due 

to the multiple repetitions of SP in OFDM-WLAN, the efficiency to detect and 

synchronize the received signal is poor. This is mainly due to multiple peaks in ‘|𝑟𝑟[𝑘𝑘]|’, 

especially in multipath environments and at low to mid Signal to Noise Ratio as shown in 

Chapter 4 and mentioned in [118]. 

𝑦𝑦[𝑛𝑛𝑇𝑇𝑠𝑠] = 𝐷𝐷[𝑛𝑛𝑇𝑇𝑠𝑠] + 𝐼𝐼(𝑛𝑛𝑇𝑇𝑠𝑠) + 𝑈𝑈(𝑛𝑛𝑇𝑇𝑠𝑠) 
 

𝐷𝐷[𝑛𝑛𝑇𝑇𝑠𝑠] = 𝑒𝑒𝑗𝑗2𝜋𝜋𝜋𝜋𝜋𝜋𝑇𝑇𝑠𝑠𝛼𝛼(0) 𝑥𝑥�𝑛𝑛𝑇𝑇𝑠𝑠 −  𝜏𝜏(0)� 
 

𝐼𝐼[𝑛𝑛𝑇𝑇𝑠𝑠] = 𝑒𝑒𝑗𝑗2𝜋𝜋𝜋𝜋𝜋𝜋𝑇𝑇𝑠𝑠�𝛼𝛼(𝑙𝑙) 𝑥𝑥�𝑛𝑛𝑇𝑇𝑠𝑠 −  𝜏𝜏(𝑙𝑙)�
𝐿𝐿−1

𝑙𝑙=1

 

 

|𝑟𝑟[𝑘𝑘]| =  � � 𝑦𝑦[(𝑛𝑛+𝑘𝑘)𝑇𝑇𝑠𝑠] 𝑥𝑥∗(𝑛𝑛𝑇𝑇𝑠𝑠)
𝑂𝑂𝑠𝑠𝑁𝑁𝑁𝑁−1

𝑛𝑛=0

� 

          
 

(5.18) 

(5.19) 

(5.20) 
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(5.22) 
        

(5.23) 
        

(5.24) 
        

(5.25) 
        

(5.26) 
        

When multiple antennas, ‘𝐴𝐴’ are used at the receiver, (5.21) can be determined at each 

antenna, ‘𝑟𝑟𝑎𝑎[𝑘𝑘]’ being the cross-correlator output at each antenna with ‘𝑧𝑧𝑎𝑎[𝑛𝑛𝑇𝑇𝑠𝑠]’ each 

antenna’s received signal, ‘𝑎𝑎 = 0, 1, 2, … ,𝐴𝐴 − 1’. Assuming a uniform linear array 

(ULA), the array output can be written as 

 

 

and 

 

where ‘𝜃𝜃’ is the angle of arrival, ‘𝑑𝑑𝑎𝑎’ distance between antenna ‘a’ and the first antenna, 

‘and ‘𝑈𝑈𝑎𝑎’ and ‘𝑢𝑢𝑎𝑎’ representing the additive white Gaussian noise at antenna ‘𝑎𝑎’. 

5.3.3 Proposed Fractional Time Delay Estimation Scheme 

In the proposed method to estimate the overall propagation time delay of the direct 

path τ(0), cross-correlation is performed over only certain received samples of ‘za’. 

 

 In order to determine the set of samples ‘𝑷𝑷’ of the received signal that will be cross-

correlated, one shall look at the time domain structure of transmitted OFDM-WLAN SPs, 

‘𝑥𝑥(𝑚𝑚)’. If it had been oversampled by a factor of ‘𝑂𝑂𝑠𝑠’ and assuming sample repetition 

oversampling, from (5.16), Since SPs are repetitions, 

 

𝑌𝑌𝑎𝑎[𝑛𝑛𝑇𝑇𝑠𝑠] = 𝑎𝑎(𝜃𝜃) 𝑦𝑦[𝑛𝑛𝑇𝑇𝑠𝑠] + 𝑈𝑈𝑎𝑎(𝑛𝑛𝑇𝑇𝑠𝑠) 

𝑎𝑎(𝜃𝜃) = �1 exp �𝑗𝑗
2π
𝜆𝜆
𝑑𝑑1cos (𝜃𝜃)�… exp (𝑗𝑗

2π
𝜆𝜆
𝑑𝑑𝐴𝐴−1cos (𝜃𝜃))�

𝑇𝑇

 

𝑧𝑧𝑎𝑎[𝑛𝑛𝑇𝑇𝑠𝑠] = exp �𝑗𝑗 2π
𝜆𝜆
𝑑𝑑𝑎𝑎cos (𝜃𝜃)�  𝑦𝑦[𝑛𝑛𝑇𝑇𝑠𝑠] + 𝑢𝑢𝑎𝑎(𝑛𝑛𝑇𝑇𝑠𝑠)   

𝒘𝒘(𝑚𝑚) = �𝑥𝑥11
(𝑚𝑚) 𝑥𝑥12

(𝑚𝑚) … 𝑥𝑥1𝑂𝑂𝑠𝑠
(𝑚𝑚) 𝑥𝑥21

(𝑚𝑚) 𝑥𝑥22
(𝑚𝑚) … 𝑥𝑥2𝑂𝑂𝑠𝑠

(𝑚𝑚) … 𝑥𝑥𝑁𝑁1
(𝑚𝑚) 𝑥𝑥𝑁𝑁2

(𝑚𝑚) … 𝑥𝑥𝑁𝑁𝑂𝑂𝑠𝑠
(𝑚𝑚)�  

𝑥𝑥𝑖𝑖𝑖𝑖
(𝑚𝑚) =  𝑥𝑥𝑖𝑖𝑖𝑖

(𝑝𝑝) 
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(5.27) 
        

(5.28) 
        

(5.29) 
        

for {𝑚𝑚,𝑝𝑝 ∈ [1,2, …𝑀𝑀]}, {𝑖𝑖 ∈ [1,2, …𝑁𝑁]} and {𝑗𝑗, 𝑘𝑘 ∈ [1,2, …𝑂𝑂𝑠𝑠]}. 

‘𝑷𝑷’ is formed such that, the samples are drawn from each SP repetition, 

 

Since (5.26) is valid, 𝑷𝑷 =  𝒙𝒙(𝑚𝑚). However, when a similar transformation is applied to 

the continuous received signal ‘𝑦𝑦[𝑛𝑛𝑇𝑇𝑠𝑠]’, only a single valid SP sequence remains in 

‘𝑦𝑦�[𝑛𝑛𝑇𝑇𝑠𝑠]’, the transformed received signal, out of ‘𝑀𝑀’ repeated SPs remains. Cross-

correlating ‘𝑦𝑦�[𝑛𝑛𝑇𝑇𝑠𝑠]’ with ‘𝑷𝑷’ should yield a single peak in ‘|𝑟𝑟[𝑘𝑘]|’. 

 

where ‘𝑟𝑟[𝑘𝑘]’ is the cross-correlation output, *is the complex conjugate operator and  

‘𝑛𝑛 ∈ 𝑉𝑉’ is the index of samples representing the transformation leading to (5.27). The 

size of ‘𝑉𝑉’ is ‘𝑀𝑀𝑀𝑀’. This is a reduction in the number of samples cross-correlated as 

compared to conventional cross-correlation. It reduces the range of ‘𝑘𝑘’ over which (5.28) 

needs to be evaluated, which decreases the complexity. 

For a ‘𝑎𝑎’ antenna ULA, at each antenna the cross-correlator out is 

  

 

where ‘𝑹𝑹𝑎𝑎’ is formed by arranging ‘𝑎𝑎’ columns of ‘𝑟𝑟𝑎𝑎’, each being a ‘𝑘𝑘 × 1’ vector. 

The cross-correlation sample offset ‘𝑘𝑘𝑝𝑝𝑝𝑝𝑝𝑝𝑝𝑝’ at which the peak magnitude of (5.29) 

occurs would be directly proportional to the ToA estimate. Note that, due to oversampling 

𝑷𝑷 = �𝑥𝑥11
(1) 𝑥𝑥12

(2) …  𝑥𝑥1𝑂𝑂𝑠𝑠
(𝑀𝑀)𝑥𝑥21

(1) 𝑥𝑥22
(2) …  𝑥𝑥2𝑂𝑂𝑠𝑠

(𝑀𝑀) … 𝑥𝑥𝑁𝑁1
(1) 𝑥𝑥𝑁𝑁2

(2) …  𝑥𝑥𝑁𝑁𝑂𝑂𝑠𝑠
(𝑀𝑀)� 

𝑟𝑟[𝑘𝑘] =  ��𝑦𝑦�[(𝑛𝑛 + 𝑘𝑘)𝑇𝑇𝑠𝑠] 𝑥𝑥∗(𝑛𝑛𝑛𝑛𝑠𝑠)�
𝑛𝑛∈𝑉𝑉

     

𝑟𝑟𝑎𝑎[𝑘𝑘] =  ��𝑧𝑧𝑎𝑎�[(𝑛𝑛 + 𝑘𝑘)𝑇𝑇𝑠𝑠] 𝑥𝑥∗(𝑛𝑛𝑛𝑛𝑠𝑠)�
𝑛𝑛∈𝑉𝑉

     

𝑹𝑹𝑎𝑎[𝑘𝑘] =  �𝑟𝑟0[𝑘𝑘]  𝑟𝑟1[𝑘𝑘]  𝑟𝑟2[𝑘𝑘] … 𝑟𝑟𝐴𝐴−1[𝑘𝑘]�     (5.30) 
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the time resolution of ‘𝑘𝑘’ is a fraction of ‘𝑇𝑇𝑏𝑏’, 𝑇𝑇𝑏𝑏
𝑂𝑂𝑠𝑠

. However, the offset ‘𝑘𝑘𝑝𝑝𝑝𝑝𝑝𝑝𝑝𝑝’ is 

dependent not only on the direct path but also the multipath components at each antenna 

and the direction of arrival ‘𝜃𝜃’ of the OFDM-WLAN signal. To reduce the contribution of 

multi-path component delays ‘𝜏𝜏𝑚𝑚(𝑙𝑙)’ on the estimation of ‘𝑘𝑘𝑝𝑝𝑝𝑝𝑝𝑝𝑝𝑝’, ‘𝑄𝑄’ a ‘𝑘𝑘 × 𝑘𝑘’ matrix 

computed from ‘𝐴𝐴’ antennas ‘𝑟𝑟𝑎𝑎[𝑘𝑘]’ is determined as   

 

The signal’s angle of arrival is required to compute (5.31), however when ‘𝜃𝜃’ is not 

available, the diagonal elements of (5.31) which are independent of ‘𝜃𝜃’ are computed and 

are given by 

 

‘𝑘𝑘𝑝𝑝𝑝𝑝𝑝𝑝𝑝𝑝’ is determined as the offset at which (18) achieves maximum. Though 

multipath components contribute to ‘𝑘𝑘𝑝𝑝𝑝𝑝𝑝𝑝𝑝𝑝’, it is largely dependent on ‘𝛼𝛼(0)’, direct paths 

magnitude, as determined in [115]. To further reiterate this, the nature of ‘𝛼𝛼(𝑙𝑙)’ is 

analyzed. If the channel is assumed to be a fast fading channel or a Non-Line of Sight 

(NLOS) channel, as likely in an outdoor/indoor environment, then the channel 

coefficients 𝛼𝛼(𝑙𝑙), except for the direct path channel coefficient ‘𝛼𝛼(0)’, can be assumed to 

be Rayleigh distributed random variables with a median (‘𝑟𝑟𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚’), which is directly 

proportional to the received signal voltage [99]. This leads to the following three 

conditions: 

1) When (|α(0)| > |rmedian|), the cross-correlation peak offset ‘kpeak’ is determined 

by the direct path and the estimated time delay is ‘τ(0)’. 

|𝑄𝑄| =  |𝑹𝑹𝑎𝑎 𝑹𝑹𝑎𝑎𝐻𝐻|                                                       (5.31)  

𝑄𝑄𝑑𝑑𝑑𝑑𝑑𝑑𝑑𝑑[𝑘𝑘] =  �� (𝑟𝑟𝑎𝑎[𝑘𝑘] 𝑟𝑟∗𝑎𝑎[𝑘𝑘]
𝐴𝐴−1

𝑎𝑎=0
)�     

 

(5.32) 
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2) When (|α(0)| ≤ |rmedian|), the cross-correlation peak offset ‘kpeak’ is determined 

by the phase changes in the received time samples due to carrier frequency offset 

‘ε’. It has to noted here that the perceived phase change across the cross-correlated 

time samples is randomized due to oversampling and rearrangement of the received 

samples as in (5.25). This leads to reduced cross-correlation magnitude due to 

multipath signals as they don’t combine additively. 

3) When (|𝛼𝛼(0)| ≪ |𝑟𝑟𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚|), the estimated ToA is still within the received OFDM 

symbol’s guard time and is good for time synchronizing and decoding the received 

signal. 

5.3.4 Simulation and Results 

To demonstrate the effectiveness and quantify the performance of the proposed 

scheme, MATLAB Monte Carlo simulations have been carried out. The channel models 

developed by IEEE 802.11 technical group for Wireless LAN and defined in [119] are 

used in this simulation. Channel Model B, C & F representing NLOS scenarios with 

maximum delay spread of up to 150nsec and multi-path taps of up to 40-taps have been 

used to evaluate the proposed scheme.  

In the simulations, the time domain I & Q preamble sequences of OFDM-WLAN were 

used with over sample rate 𝑂𝑂𝑠𝑠 = 10, same as the number of SP repetitions. The signal 

bandwidth was set to 20MHz at carrier frequency of 2.4GHz. In order to determine the 

Root-Mean-Square (RMS) error in estimating the ToA, random timing offsets were 

introduced, in the range of 1 to 20 samples, to the received signal. The RMS error has 

been normalized to the number of time offset samples. 

Figure 5.8 shows the RMS error of the proposed fractional delay estimation in AWGN 

and IEEE802.11 channel models. It is seen that the performance of the proposed scheme 
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is comparable to the performance when the complete 10 repetitions of SP (total short 

preamble) are cross-correlated. The RMS error largely remains same for all SNR above -

5dB. The RMS error of the proposed scheme as well as the total cross-correlation is ~8 

oversampled samples for channel Model F, which is a harsh channel with up to 40 multi-

path taps and a maximum rms delay of 150nsec. 

 

With the increase in the number of antennas from one to up to six, and assuming the 

direction of arrival is not known, with ToA estimate based on (5.32), the normalized RMS 

error for 5000 simulation runs of the timing estimate is given in Figure 5.9. It is seen that 

the RMS error reduces by approximately one sample for Model B and Model C channels 

over the simulated SNR range of -10dB to 10dB. However, for the harsh Model F channel 

there is very minimal improvement. 

 

Figure 5.8: RMS Error in timing estimate compared to full length cross-
correlation. 
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When using multiple antennas (2 to 6 antennas) and assuming that the DoA of the 

OFDM-WLAN signal is known when evaluating (5.31), then the normalized RMS error 

in ToA estimated for different SNR is given in Figure 5.10. The DoA was set to 45 

degrees for this simulation. It is seen that the RMS error has improvement for both known 

and unknown DoA scenario across all the simulated SNRs with respect to the single 

antenna scenario shown in Figure 5.8. . The additional information of DoA does not 

contribute to improvement in RMS error for all the three simulated channel models 

(Model-B, Model-C and Model-F). This is because the DoA information at an antenna 

array is indirectly related to the time-of-arrival information of the signal at individual 

antennas. The positioning error is already derived based on the ToA information. Hence 

the availability of DoA information does not improve the RMS error. On the other hand, 

 

Figure 5.9: RMSE in timing estimate with multiple antennas and unknown DoA. 
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since non line-of-sight signals or multipath signals destructively combine with the line-of-

sight signals for ToA estimation, the proposed scheme aids in reducing the RMS error 

contribution due too multipath signals. This conclusion agrees with the results reported in 

[120]. 

 

5.3.5 Summary 

A novel ToA estimation approach in the time domain for OFDM-WLAN has been 

presented. It is based on cross-correlation of short preamble sequence and use of multiple 

antennas to improve the RMS error in the fractional time delay estimate. The proposed 

approach has been simulated for different IEEE 802.11 channel models and compared 

against the approach where the total length of the preamble is cross-correlated. Computer 

simulations show that the normalized RMS error remains largely constant for SNRs 

 

Figure 5.10: RMSE in timing estimate with multiple antennas and known DoA. 
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above -5dB for all the channel models. However, when the number of receiver antennas 

are increased the RMS error decreases. It is seen that the availability of DoA information 

provides no additional improvement in estimation of the ToA. The proposed ToA 

estimation method is based on synchronization technique presented in Chapter 4 which 

could be implemented as an hardware efficient module. 

 

.  
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6 Conclusions & Future Work 

6.1 Conclusions 

In this thesis, low complexity algorithms and architectures for realizing spectrum 

sensing, time synchronization, fast acquisition of FH signals and fractional time delay 

ToA estimation of burst signals have been presented. The proposed schemes aid in 

implementing hardware efficient burst communication waveforms in cognitive radios. All 

the proposed schemes are based on segmentation, decimation and cross-correlation of 

received signal samples which are processed at digital IF or down converted to baseband 

for processing. The segmented and decimated samples are processed further and cross-

correlated to perform spectrum sensing or time synchronization. 

In Chapter 3, a low complexity spectrum sensing algorithm and architecture has been 

presented. The proposed method is based on cross-correlation approach. It is shown to be 

effective for detection of continuous broadcast signals such as ATSC DTV, PAL-B 

Analog TV signal and QPSK modulated burst signal. MATLAB simulation results 

showed that the detection performance for ATSC digital TV, PAL-B analog TV and burst 

QPSK modulated signals is ~100% for all three signals types above 0dB SNR. For 

continuous signals it is even better with 100% detection for -10dB SNR. The probability 

of false detection is also consistently below 5%. It has been shown that the performance 
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of detection improves with the number of ISDV vectors used for averaging and cross-

correlation for continuous signal detection. In the case of burst signals, an increase in the 

number of vectors increases the sensing duration. The sensing duration needs to be 

maintained to be shorter than the burst duration for achieving better performance in terms 

of probability of false alarm (Pfa) and probability of detection (Pd). The selection of 

number of vectors in the proposed scheme allows to dynamically trade-off the 

computational complexity for performance. A reconfigurable hardware architecture has 

been presented detailing the FPGA implementation of the proposed low complexity 

spectrum sensing technique. 

For successfully demodulating and decoding the burst signals, the receiver needs to 

time synchronize with the incoming burst, within guard interval of the signal structure. 

Making use of the multiple preamble symbols present in the burst signal, a hardware 

efficient time synchronization technique has been presented in Chapter 4. The proposed 

technique is based on cross-correlation of the stored preamble sequence with a single 

preamble sequence which is derived from the received preamble samples. The proposed 

technique’s robustness against multipath environments and carrier frequency offsets has 

been demonstrated through MATLAB simulations. Simulation results also showed that 

the proposed synchronization scheme performs better, in terms of the synchronization rate 

achieved, than the similar techniques proposed in the literature. The segmented sample 

structure of the derived preamble sequence of the proposed scheme, in which samples 

from different preamble repetitions are picked to form the derived preamble, enables 

hardware efficient implementation of the cross-correlator. An architecture for FPGA 

implementation of the synchronization scheme has also been proposed and it has been 

shown that the proposed pipelined cross-correlator architecture results in reduction of the 

minimum usable clock period thereby increasing the maximum possible speed as well as 
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reduction in the power consumption and usage of FPGA hardware resources such as DSP 

blocks, logic and signals over the conventional cross-correlation implementations. The 

proposed synchronization approach is suitable for efficient hardware implementation with 

improved synchronization performance.  

Further in Chapter 5, the proposed time synchronization technique has been adapted to 

realize fast acquisition of Frequency Hopping burst signals and for estimating fractional 

time delay ToA of OFDM-WLAN signals. Given the hardware efficient implementation 

of the proposed time synchronization technique, it has been adapted for use at digital IF 

and with signum cross-correlators. The multiple parallel realizations of the time 

synchronization at digital IF allow for searching of the FH burst at multiple frequency 

bins simultaneously, thereby reducing the overall acquisition time of the FH burst signal. 

With the use of signum cross-correlators, when ZC preamble sequences are used, the 

overall hardware complexity is further reduced with minimal impact on the time 

synchronization performance with the proposed technique. MATLAB simulations showed 

the robustness of the scheme over different LTE propagation channel environments. The 

proposed hardware architecture has been implemented and it has been shown that overall 

hardware complexity is low. 

Apart from time synchronization for demodulation of burst signals, the proposed time 

synchronization scheme has been adapted for fractional time delay ToA estimation as 

presented in Chapter 5. By increasing the digital oversampling ratio of the received burst 

signal and with the use of multiple antennas, the normalized RMS error is reduced for the 

estimated ToA. This has been applied to OFDM-WLAN signal’s short preambles and 

MATLAB simulations show that the normalized RMS error at 10dB SNR is less than 3 

digital samples for Model-B and Model-C propagations channels. For the Model-F 
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propagation channel, it is seen that the multiple number of antennas give no improvement 

in ToA estimate error.  

The proposed low complexity algorithms and architectures for spectrum sensing, time 

synchronization, fast acquisition of FH signals and fractional time delay ToA estimation 

of burst signals are based on segmented processing of the oversampled received signal. It 

has been shown that this results in hardware efficient implementation of the proposed 

functional modules in a transceiver. With this work, it has become a possibility to reduce 

the hardware resources required for realizing certain important functions in Cognitive 

Radios, trade-off hardware complexity for better spectrum sensing detection performance 

and achieve better time synchronization performance with reduced hardware 

implementation complexity. 

6.2 Future Work 

Analysis, simulations and hardware realizations have shown that the proposed 

spectrum sensing, time synchronization and its adaptions are robust over different 

propagation channel scenarios and are hardware resource efficient. These techniques 

should prove useful in reducing the overall implementation complexity of a cognitive 

radio. However, with cognitive radios evolving into cognitive radio networks (CRNs), the 

co-operative spectrum sensing and time synchronization across multiple CR nodes in the 

CRN is important. As such the next steps would be  

- To develop the proposed spectrum sensing scheme in a CRN with collation of 

sensing data from multiple nodes and improving the overall performance of the 

spectrum sensing over the complete CRN. 
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- To develop the proposed time synchronization algorithm to synchronize multiple 

nodes in a CRN through derivation of a preamble sequence from samples of 

multiple node’s preamble samples. 

- To improve the ToA estimation across all the propagation channels with known / 

unknown direction of arrival. And also to further develop the proposed technique 

to jointly estimate the direction of arrival and ToA. 
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