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ABSTRACT 

Compared to additive white Gaussian noise (AWGN), impulsive noise has unique 

characteristics which include random occurrence, short time duration, wide band 

spectrum, and high-energy content. Due to these distinctive features, impulsive noise 

with significant power can degrade the transmission quality of various communication 

systems.  

In this research, the impact of impulsive noise on Orthogonal Frequency-Division 

Multiplexing (OFDM)-based communication systems and ZigBee wireless sensor 

networks (WSNs) based on direct sequence spread spectrum (DSSS) modulation are 

addressed. For the purpose of improving system performance, several impulsive noise 

suppression approaches are proposed for both of the two communication systems 

mentioned above. First, this research proposes a novel time domain filtering approach for 

both OFDM and DSSS modulation with the aid of Reed-Solomon (RS) coding and noise 

estimation to mitigate the influence of impulsive noise on the transmitted signal. This 

filter utilizes a composite comparison value (CCV) algorithm to improve the accuracy of 

impulsive noise detection. Performance comparisons with previously proposed filtering 

and coding methods demonstrate the effectiveness of the CCV filter. In the second case, 

we describe a new Error-Balanced Wavelet (EB-Wavelet) filtering process for the 

impulsive noise suppression in ZigBee-based WSNs utilizing DSSS modulation. 

Theoretical analysis shows that the bit error rate (BER) of ZigBee systems is related to 

the received noise power and any filter generated distortion. The EB-Wavelet filter 

employs a multiresolution analysis and weighting matrix for bandwidth management to 
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limit the presence of impulsive noise power while balancing the overall filter distortion. 

Computer simulations are performed to compare the performance of the proposed EB-

Wavelet approach with conventional finite impulse response filters. Results show that the 

EB-Wavelet filter can further improve the BER performance of ZigBee systems in the 

presence of significant impulsive noise while maintaining a low complexity of ZigBee 

receiver design. 

Additionally, in this dissertation, the impulsive noise performances of 915 MHz and 

2.4 GHz band ZigBee communication systems are compared. A novel impulsive noise 

model based on the statistical characteristics of the impulsive noise measured in 

electricity substations is proposed and utilized for the comparison procedure. Both 

theoretical and simulation results show the advantage of deploying the 2.4 GHz band 

ZigBee in impulsive noise environments in order to enhance transmission quality. 

However, it may be possible to deploy the 915 MHz band ZigBee for partial discharge 

fault monitoring in related environments. 
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Chapter 1  Introduction 

1.1  Background 

The concept of Orthogonal Frequency-Division Multiplexing (OFDM) was first 

proposed in the 1960s [1]. In the 1970s, a multi-carrier modulation process utilizing the 

discrete Fourier transform (DFT) was developed by Weinstein which made the practical 

implementation of OFDM possible [2]. Later in the 1980s, Cimini systemically analyzed 

the existing challenges and possible solutions for applying the OFDM technique in 

mobile communications [3]. From then on, the OFDM technology was developed quickly 

with the driving force from the continuously growing mobile communications market. 

Nowadays, OFDM has been widely used in various modern communication systems such 

as Asymmetric Digital Subscriber Line (ADSL), Digital Audio Broadcasting (DAB), 

High-Definition Television (HDTV), and Wireless Local Area Network (WLAN) [4, 5]. 

In 2011, the Long Term Evolution Advanced (LTE-Advanced) was standardized as a 

candidate for the fourth generation (4G) mobile communication network where the 

OFDM was adopted as the uplink/downlink modulation of the Physical (PHY) Layer [6].  

The advantages of OFDM which are of interest can be summarized as follows: 

1. With the serial-to-parallel conversion (S/P) on the high speed data stream, the duration 

of OFDM symbols is therefore extended. When the number of OFDM sub-carriers is 

fairly large, this duration extension can be significant resulting in an almost flat-fading 

channel response compared to a wideband single tone modulation. Furthermore, with the 

aid of added cyclic prefix (CP), OFDM has a good robustness to the inter-symbol 

interference (ISI) caused by the multipath propagations [7]. 
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2. The sub-carriers of OFDM are orthogonal to each other which creates the possibility of 

spectrum overlapping among adjacent sub-channels. This characteristic improves the 

spectral efficiency without introducing extra inter-channel interference (ICI) when 

compared to conventional Frequency-Division Multiplexing (FDM) systems [8]. 

3. With the development of digital signal processing (DSP) and very-large-scale 

integrated circuit (VLSI), the practical implementation of OFDM can be expediently 

achieved using the Fast Fourier transform (FFT) and inverse Fast Fourier transform 

(IFFT) DSP technologies. This development reduces the implementation complexity of 

OFDM-based systems. 

In contrast to the OFDM which is usually utilized for long distance communication 

transmissions, the ZigBee technology is implemented for short range wireless sensor 

networks (WSNs) due to its unique advantages. Established in 2001, the ZigBee Alliance 

devoted itself to providing a flexible, low power consumption, and low cost WSN 

platform. The ratified ZigBee protocol is a set of wireless communication solutions 

which includes the industrial specifications for the PHY layer (which includes DSSS 

modulation), the media access layer (MAC), the network layer (NWK), the application 

layer (APL), etc. [9]. The PHY and MAC layers were defined by the IEEE 802.15.4 

standard and utilized by the ZigBee Alliance as the kernel of its communication 

infrastructure. Due to its low power consumption characteristic, the ZigBee standard is 

limited to up to 250 kb/s data rate and a short point-to-point transmission distance 

indicating a local area deployment. However, with a hybrid network topology, wide area 

network coverage can be achieved to improve the practicability of deployment [10]. 

ZigBee is attracting more attention from both science and industry fields as it is 
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considered to be a good candidate for low data rate wireless transmission applications in 

various environments such as home security and automation, medical data collecting, 

industrial control and monitoring, and smart grid applications [10-15]. Using the DSSS 

coding for the PHY layer, ZigBee has a fairly good external white noise resistance 

benefiting from the spectrum despreading ability of the DSSS coding technology. 

However, both OFDM and ZigBee systems are vulnerable to strong impulsive noise 

bursts. Unlike the additive white Gaussian noise (AWGN), impulsive noise has several 

unique characteristics: random occurrence, high-energy content within short time 

duration, and a wide band spectrum. An example of the impulsive noise based on the 

Bernoulli-Gaussian model is illustrated in Figure 1.1 [16]. When excessive impulsive 

noise is received by the OFDM receiver, its energy can spread to all OFDM sub-carriers 

through the DFT demodulation process which may cause degradation to the system 

performance. In ZigBee systems, the intense impulsive noise may also surpass the noise 

suppression capability of DSSS coding which results in increased level of bit error rate 

(BER). Therefore, we are motivated to propose various impulsive noise suppression 

schemes for the OFDM-based communication systems and ZigBee wireless networks. 
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Figure 1.1 Bernoulli-Gaussian impulsive noise 

 

1.2  Review of Impulsive Noise Suppression Methodologies 

The main sources of impulsive noise can be identified as power transmission lines, 

transients from defective power components, vehicle ignition systems, partial discharge 

(PD) on deteriorated insulation, and sferic radiation from high current switching [17-20]. 

The amplitude of impulsive noise can be several dB over the received signal and other 

background noise and its frequency spectrum may reach up to 3 GHz which will overlap 

the operating bands of various wireless communication systems [21, 22]. As a result, 
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impulsive noise can significantly affect the performance of OFDM and ZigBee 

communication systems. 

To limit the impact of impulsive noise, many approaches have been proposed and 

can be divided into three categories: time domain suppression, frequency domain 

suppression, and error-correcting code techniques. 

For impulsive noise suppression in the time domain, a blanking implementation 

scheme was proposed for OFDM systems [23]. The sampled discrete time domain signal 

which is interfered by the individual impulsive noise sample is detected and discarded 

using the proposed adaptive threshold value. The proposed threshold is obtained by 

minimizing the estimated interference power after this blanking process. Another 

promising peak detection method based on the variance of the estimated noise was 

introduced to suppress impulsive noise in OFDM systems [24]. For the peak detection, a 

threshold value is obtained to locate the impulsive noise in the estimated noise sequence 

followed by a nonlinear blanking operation on the detected impulsive noise location. To 

mitigate the impulsive noise in DSSS-based systems, a passband clipping (PBC) 

approach was proposed [25]. Similar to the peak detection methods employed in OFDM 

systems, the PBC detects the impulsive noise using a calculated threshold and suppresses 

it by clipping the time domain amplitude of the detected impulsive noise. The clipping 

threshold is determined by the root mean squared amplitude of the received passband 

DSSS signal. However, for the time domain impulsive noise suppression methods, the 

threshold should be carefully arranged as extra symbol errors can be generated by a false 

detection. 
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The second category deals with impulsive noise in the frequency domain. The 

interleaving and additional orthogonal transform before the FFT demodulation were 

utilized to mitigate the influence of impulsive noise in OFDM systems [26]. With the aid 

of an additional orthogonal transform, the power of impulsive noise samples can be 

spread over several OFDM symbols and the symbol-to-noise ratio is therefore improved. 

This method can further improve system performance when compared to the interleaving 

approach implemented alone. In Hussien’s research, a lowpass filter (LPF) was utilized at 

the offset-quadrature phase-shift keying (O-QPSK) demodulator to suppress the channel 

interference including the impulsive noise by limiting the power of interference [27]. 

Simulations showed that a 3
rd

 order finite impulse response (FIR) LPF with a 1 MHz 

cutoff frequency obtained the best BER for ZigBee systems. 

For the third category, channel coding techniques are employed to reject impulsive 

noise interference. The system performance can be improved by correcting errors during 

the decoding process. The Reed-Solomon (RS) code is a good candidate for impulsive 

noise cancellation due to its burst noise correcting ability. With RS codes, the transmitted 

bytes interfered by the impulsive noise in a codeword can be corrected irrespective of the 

number of bits in error [28]. Meerbergen merged the conventional RS codes with an 

OFDM modulator using the proposed subsampled filter bank [29]. The RS coded OFDM 

(RS-OFDM) performance was evaluated and results showed the impulsive noise 

immunity of RS-OFDM systems is further enhanced when compared to the conventional 

uncoded OFDM system. The International Telecommunication Union (ITU) G.9903 

standard also requires the RS coding to be implemented with the OFDM modulation in 

order to recover lost bits which are caused by impulsive noise [30].  



 

7 

 

1.3  OFDM Modulation Systems 

In this section, the basics of OFDM are introduced. The system architecture of the 

conventional OFDM system employed in this dissertation is illustrated in Figure 1.2. 
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Figure 1.2 OFDM system architecture 

 

At the OFDM transmitter, the bit sequence 𝑌𝑛  is first modulated by the 16-ary 

quadrature amplitude modulation (16-QAM) and forms the complex signal sequence 𝑆𝑛 

where 0 ≤ 𝑛 ≤ 𝑁 − 1 and 𝑁 is the number of OFDM sub-carriers. The utilization of 16-

QAM is to improve the system bandwidth efficiency which is explained in Appendix A. 
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Although a higher order QAM further improves the bandwidth efficiency, the system 

tolerance to noise is lowered given a higher density of QAM constellation points. With 

the S/P conversion, the signal to be transmitted on the 𝑖𝑡ℎ  OFDM sub-carrier is 

represented as 𝑆𝑛,𝑖  where 0 ≤ 𝑖 ≤ 𝑁 − 1 . Followed by the parallel-to-serial (P/S) 

conversion, the inverse discrete Fourier transform (IDFT) result is then obtained as 

𝑥𝑘 = IDFT(𝑆𝑛) =
1

𝑁
∑

𝑁−1

𝑛=0
𝑆𝑛exp (j

2π𝑛𝑘

𝑁
) , 0 ≤ 𝑘 ≤ 𝑁 − 1,               (1.1) 

where IDFT(∙) indicates the IDFT operator. However, in a practical OFDM modulation 

system, the IFFT and FFT operations are employed to implement the IDFT and 

corresponding DFT process, respectively. (1.1) ensures the orthogonality of OFDM sub-

carriers, that is 

1

𝑁
∑

𝑁−1

𝑛=0
exp (j

2π𝑛𝑖1

𝑁
)exp (j

2π𝑛𝑖2

𝑁
) = {

1, 𝑖1 = 𝑖2  
0, 𝑖1 ≠ 𝑖2

,                         (1.2) 

where 𝑖1 and 𝑖2 indicate the 𝑖1𝑡ℎ and 𝑖2𝑡ℎ sub-carrier, respectively. With the CP added 

into 𝑥𝑘, the signal to be transmitted in the channel is represented as 𝑥′𝑘. The insertion of 

CP improves multipath resistance without disturbing the orthogonality of OFDM sub-

carriers.  

In the transmission channel, 𝑥′𝑘 is interfered by the impulsive noise 𝑖𝑘 and AWGN 

𝑤𝑘 , respectively. Therefore at the receiver, the received signal processed by the CP 

removal is expressed as 

𝑟𝑘 = 𝑥𝑘 ∗ ℎ𝑘 + 𝑖𝑘 + 𝑤𝑘,                                             (1.3) 

where ∗ denotes the linear convolution operation and ℎ𝑘 is the channel impulse response. 

After the S/P conversion, the parallel received signal streams 𝑟𝑘,𝑖 are then processed by 
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the DFT transform. The DFT result is then P/S converted and forms the serial signal 

sequence 𝑅𝑛, that is,  

𝑅𝑛 = DFT(𝑟𝑘) = ∑
𝑁−1

𝑛=0
𝑟𝑘exp (−j

2π𝑛𝑘

𝑁
) = 𝑆𝑛𝐻𝑛 + 𝐼𝑛 + 𝑊𝑛, 0 ≤ 𝑛 ≤ 𝑁 − 1 ,  (1.4)                

where DFT(∙) is the DFT operator, 𝐻𝑛 is the channel frequency response, 𝐼𝑛 and 𝑊𝑛 are 

the frequency domain representation of 𝑖𝑘  and 𝑤𝑘 , respectively. Assuming an ideal 

channel equalization process is performed, the equalized signal can be expressed as 

𝑅𝑛
(eq)

= 𝑅𝑛𝐻𝑛
−1 = 𝑆𝑛 + 𝐼𝑛𝐻𝑛

−1 + 𝑊𝑛𝐻𝑛
−1.                             (1.5) 

Finally, with the 16-QAM demodulation, we obtain the demodulated bit sequence 𝑍𝑛. 

As can be seen from (1.4) and (1.5), the impact of impulsive noise spreads to all 

OFDM sub-carriers and may cause system degradation. Obviously, an error-correcting 

coding process performed on the bit source sequence 𝑌𝑛  can mitigate the impact of 

impulsive noise and improve the system performance. An impulsive noise suppression in 

the time domain before the DFT demodulation at the receiver is another possible 

approach, e.g., a filtering process performed on the received noise interfered signal 𝑟𝑘. 

1.4  ZigBee Systems 

The PHY layer of ZigBee is based on the IEEE 802.15.4 standard. Three major 

operating bands are assigned which are the 868 MHz in Europe, 915 MHz in the USA 

and Australia, and 2.4 GHz worldwide. A general specification for the ZigBee PHY layer 

based on the 2011 version of IEEE 802.15.4 standard is given in Table 1.1, where ASK 

and PSSS represent amplitude-shift keying and parallel sequence spread spectrum, 

respectively [31]. In this dissertation, we focus on the 2.4 GHz band ZigBee since 
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compared to the 915 MHz band ZigBee which has the identical radio frequency (RF) and 

baseband coding modulation, the 2.4 GHz band ZigBee shows an improved impulsive 

noise resistance which is later discussed in Chapter 3. 

 

Table 1.1 Specifications of ZigBee PHY layer 

Operation 

band (MHz) 

Frequency 

bandwidth 

(MHz) 

Radio 

frequency 

modulation 

Bit rate 

(kb/s) 

Chip rate 

(kchip/s) 

Baseband 

spread 

spectrum 

868 868-868.6 ASK 250 400 PSSS 

915 902-928 O-QPSK 250 1000 DSSS 

2400 2400-2483.5 O-QPSK 250 2000 DSSS 

 

The system architecture of the 2.4 GHz band ZigBee systems is illustrated in Figure 

1.3. The detailed description of the ZigBee transmitter and receiver is provided in Figure 

1.4 and Figure 1.5, respectively. 
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Figure 1.3 System architecture of the 2.4 GHz band ZigBee 
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For the 2.4 GHz band ZigBee transmitter, every 4 bits of the bit source sequence 

𝑠(𝑡) which is at 250 kb/s bit rate are grouped and converted into one integer symbol. 

Every integer symbol is then mapped into a 32-chip pseudorandom noise (PN) sequence 

𝑥(𝑡) following the symbol-to-chip mapping regulation given by IEEE 802.15.4 standard. 

The spectrum spreading gain is obtained by 

GainZigBee = 10log10
32

4
≈ 9 (dB).                               (1.6)  

The PN sequence 𝑥(𝑡) which is at 2000 kchip/s chip rate is then S/P converted and forms 

the two parallel data streams 𝑥𝐼(𝑡) and 𝑥𝑄(𝑡), respectively. A pulse shaping operation is 

respectively performed on 𝑥𝐼(𝑡) and 𝑥𝑄(𝑡) using the required half-sine pulse as described 

in IEEE 802.15.4. The pulse shaped signal 𝑥𝐼,𝑠(𝑡) and 𝑥𝑄,𝑠(𝑡) are then modulated by the 

2.4 GHz O-QPSK quadrature carriers for the channel transmission. 

Considering the interference of impulsive noise 𝑖(𝑡) and AWGN 𝑤(𝑡) added in the 

channel, the received signal at the ZigBee receiver is represented by 

𝑟(𝑡) = 𝑦(𝑡) + 𝑖(𝑡) + 𝑤(𝑡),                                        (1.7) 

where 𝑦(𝑡) is the originally transmitted signal. After the coherent detection and pulse de-

shaping, the in-phase sub-channel signal 𝑧𝑎(𝑡) and quadrature sub-channel signal 𝑧𝑏(𝑡) 

are obtained. The employed LPF in our ZigBee system is to reject the adjacent channel 

interference (ADCI), alternative channel interference (ALCI), and the double carrier 

frequency component generated by the coherent detection. The cutoff frequency of the 

LPF corresponds to the bandwidth of the baseband transmitted signal. Additionally, the 

impact of channel noise is bandlimited by the LPF resulting in the improvement of 

system performance. The low pass baseband in-phase and quadrature sub-carrier signals 
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are denoted by 𝑧𝐼(𝑡) and 𝑧𝑄(𝑡), respectively. Processed by the sub-channel integrators 

and decision makers, the demodulated signal is P/S converted into the serial data 

sequence 𝑥 (𝑡) . The Maximum Likelihood (ML) algorithm is adopted for the DSSS 

decoder. Finally after the DSSS decoding process and symbol-to-bit conversion, the bit 

message 𝑠 (𝑡) is obtained. 

It can be seen that, after the O-QPSK coherent detection and the low pass filtering 

process, the remaining impulsive noise can cause the incorrect integral result 𝑥 (𝑡)  to be 

transmitted to the following DSSS decoder. If the number of errors in  𝑥 (𝑡) exceeds the 

error correcting capability of the DSSS decoder, wrong symbols are decoded resulting in 

incorrect bit information being received by the user. In this case, additional impulsive 

noise suppression is warranted for ZigBee systems. 

1.5  Dissertation Overview 

The research presented in this dissertation focuses on the development of impulsive 

noise suppression approaches for OFDM and DSSS-based ZigBee systems. In the 

literature reviewed, three categories of impulsive noise suppression approaches have been 

addressed which are time domain suppression, frequency domain suppression, and the 

implementation of error-correcting coding techniques. The proposed approaches in this 

dissertation cover these three categories. 

In Chapter 2, frequency domain impulsive noise estimation and time domain 

impulsive noise suppression for OFDM systems are proposed. The time domain 

suppression approach utilizes a proposed composite comparison value (CCV)-based 

filter. An RS coding process is also employed in this approach to achieve an enhanced 
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dual protection goal. Simulation-based results demonstrate the effectiveness of this 

proposed scheme.  

In Chapter 3, the impulsive noise resistance of 915 MHz and 2.4 GHz band ZigBee 

systems is analyzed. An impulsive noise model is proposed and employed to compare the 

system performance of 915 MHz and 2.4 GHz band ZigBee systems in a heavy impulsive 

noise environment. The proposed model is based on the statistical characteristics of the 

impulsive noise measured in electricity substations. Results show that in the same signal-

to-impulsive noise ratio scenario, the 2.4 GHz band ZigBee outperforms the 915 MHz 

band ZigBee in a BER comparison test.  

In Chapter 4, the proposed CCV filter with RS coding is utilized with time domain 

noise estimation to mitigate the impulsive noise influence in ZigBee systems. The 

proposed scheme is compared with existing methods to access any advantages in system 

performance.  

In Chapter 5, the distortion-noise relationship between the low pass filtering process 

in front of the sub-carrier integrators at the ZigBee receiver and the ZigBee system 

performance is analyzed. To facilitate an implementable filter response, a discrete 

wavelet transform (DWT)-based filtering algorithm is proposed and implemented to limit 

the impact of impulsive noise in the frequency domain. Simulation results demonstrate 

the BER improvement of the proposed DWT-based filter when compared to existing 

approaches which include the previously proposed CCV filter. 
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Chapter 2  Impulsive Noise Suppression for OFDM Communication 

Systems using a Dual Protection Scheme 

2.1  Introduction 

OFDM is widely used in various wireless communications and power-line 

communications. Compared with single carrier communication systems, OFDM has 

several advantages such as resistance to multipath distortion, improved spectral 

efficiency, and robustness to narrowband noise [32]. However, excessive impulse noise 

in terms of event probability, duration, and amplitude can cause difficulties in OFDM 

transmission [33, 34]. Impulsive noise is formalized as an additive channel noise 

component with typical characteristics such as spike-like with short time durations, 

random occurrence, wide bandwidth, and a high power spectral density. With respect to 

the latter, impulsive noise amplitude can be several dB over the received signal and other 

background noise [21]. As a result, impulsive noise can result in the performance 

degradation of OFDM systems, since its energy spreads to all the OFDM carriers through 

the receiver DFT demodulation process. This chapter is focused on improving the 

performance of the impulsive noise cancellation process as well as providing the ability 

to resist the influence of AWGN in OFDM systems. In this manner, we present a 

practical scheme which utilizes the frequency domain noise estimation, time domain 

nonlinear filtering, and RS coding for such a purpose.  

To decrease the impact of impulsive noise, a basic suppression procedure was 

previously proposed, and is formulated using two basic steps: impulsive noise detection 
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and error correction [35, 36]. Based on these concepts, filtering and coding methods to 

manage impulsive noise have been previously proposed. For example, a blanking 

nonlinearity process is employed in OFDM systems to locate and filter an impulsive 

noise event if its amplitude exceeds an assigned threshold in the time domain [24, 37]. 

Although this technique has been found to improve the overall system BER, the 

performance gains are somewhat limited due to ill-defined impulse noise thresholds and 

the blanking of the data content. Recent research demonstrated several advantages of 

coding methods for error detection and correction in an impulsive noise environment, 

especially in regard to the Reed-Solomon coding scheme [38-40]. However, these 

proposed RS coding approaches are sensitive to increased levels of AWGN. Therefore 

we propose a dual faceted approach which utilizes the RS coding technique and a 

composite comparison value (CCV)-based filtering process to improve the impulsive 

noise resistance of OFDM systems. The CCV filter creates a more accurate estimate of 

the original OFDM signal after impulsive noise removal. The residual impulsive noise is 

then managed by an RS decoder in the second stage. Numerical results show the 

proposed approach outperforms the coding and filtering techniques alone. 

The reminder of this chapter is organized as follows. In Section 2.2, the theoretical 

background and impact of impulsive noise on OFDM are introduced. Some existing 

impulsive noise suppression approaches which are based on filtering techniques are also 

described in this section. In Section 2.3, the details of our dual protection scheme are 

proposed. Finally, several simulations and numerical results are described in Section 2.4. 
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2.2  Impact of Impulsive Noise on OFDM 
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Figure 2.1 RS-OFDM with the CCV filter 

 

The RS coded OFDM (RS-OFDM) with the proposed CCV filter is illustrated in 

Figure 2.1. The description of the basic OFDM is given in Chapter 1. The signal 

sequence to be transmitted, given as �̿�𝑢, is RS coded and converted into the bit sequence 

𝑌𝑛, where 0 ≤ 𝑛 ≤ 𝑁 − 1. With the OFDM modulation and insertion of CP, the signal to 

be transmitted is represented as 𝑥′𝑘. In the channel, the signal 𝑥′𝑘 is interfered by AWGN 

𝑤𝑘 and impulsive noise 𝑖𝑘. Processed by CP removal, the received signal at the receiver 

is expressed as 

𝑟𝑘 = 𝑥𝑘 ∗ ℎ𝑘 + 𝑖𝑘 + 𝑤𝑘 = 𝑥𝑘 ∗ ℎ𝑘 + 𝑛𝑘, 0 ≤ 𝑘 ≤ 𝑁 − 1,                 (2.1) 
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where ℎ𝑘 is the channel impulse response, and 𝑛𝑘 is the aggregation of 𝑤𝑘 and 𝑖𝑘. When 

a channel equalizer is not considered, the 𝑁 -point FFT demodulation result can be 

represented as   

𝑅𝑛 = 𝑆𝑛𝐻𝑛 + 𝑊𝑛 + 𝐼𝑛 ,                                                (2.2) 

where 𝐻𝑛  is the channel frequency response, 𝑊𝑛  and 𝐼𝑛  are the AWGN and impulsive 

noise in frequency domain, respectively.  

Referring to previous research work, impulsive noise 𝑖𝑘 
is normally accepted as the 

following expression [16]: 

𝑖𝑘 = 𝑏𝑘𝑔𝑘,                                                           (2.3) 

where 𝑏𝑘 is a Bernoulli process indicating the arrival of the impulsive noise event and 𝑔𝑘 

is the random Gaussian process with zero mean and 𝜎𝑖
2  variance. 𝑏𝑘  contains 

independently distributed zeros and ones where the ones indicate the arrivals of impulsive 

noise events. The arrival rate of impulsive noise events is represented as 𝑝 = 𝑃(𝑏𝑘 = 1). 

The arrival and variance parameters can be altered to facilitate varying noise conditions. 

In this research, the probabilistic arrival rate of impulsive noise events 𝑝 was set to 1% 

and 10%, and the variance was held constant.  

In the time domain, the characteristics of impulsive noise can have significant 

differences when compared to transmitted signal and can be summarized as follows: (1) 

impulsive noise peak amplitudes can be much higher than that of the transmitted signal; 

(2) impulsive noise energy is concentrated into short periods. Given this, a method based 

on a blanking nonlinearity filter was proposed in [37]. The impulsive noise is suppressed 

by the process: 
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𝑟𝑘
(comp)

= {
𝑟𝑘, if |𝑟𝑘| < 𝐴0, 𝑘 = 0,1, … ,𝑁 − 1
0, otherwise

,                          (2.4) 

where 𝑟𝑘 is the time domain signal at the receiver and 𝐴0 is the experimental threshold 

value. 

Also, Zhidkov proposed a promising peak detection method based on the variance of 

the estimated noise to mitigate the effect of impulsive noise at the receiver in the 

frequency domain [24]. The proposed method is denoted as variance-based filter 

(VBF).For the peak detection, a threshold value is estimated to recognize impulsive noise 

sequence �̂� = [�̂�0, �̂�1, … , �̂�𝑁−1]:  

�̂�2 =
1

𝑁
  ∑
𝑁−1

𝑘=0
|�̂�𝑘|

2
, 𝑘 = 0,1, … , 𝑁 − 1,                                  (2.5) 

�̂�𝑘 = {�̂�𝑘, if |�̂�𝑘|
2
> 𝐶�̂�2, 𝑘 = 0,1, … , 𝑁 − 1

 0, otherwise
,                          (2.6) 

where �̂�𝑘 is the integrated noise estimation in time domain, 𝑁 is the number of �̂�𝑘, �̂�𝑘 is 

the estimated representation of the impulsive noise, and C is the threshold value that 

corresponds to the probability of false detection. 

Although these approaches provide an effective way to reduce the effects of 

impulsive noise, the evaluation of the threshold value does not respond to changes in the 

characteristics of the impulsive noise and does not assess any correlation between the 

additive noise components. 

2.3  The Proposed CCV Filtering Approach 

As expected, the value of the impulsive noise threshold affects the performance of 

the impulsive noise suppression methodology. If the threshold value is too small, a 
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significant portion of the transmitted signal is replaced with zeros and the output signal-

to-noise ratio (SNR) given by 

𝑆𝑁𝑅 = 10log10

∑
𝑁−1

𝑘=0
𝑥‘𝑘

2

∑
𝑁−1

𝑘=0
𝑛𝑘

2
= 10log10

E[𝑥‘𝑘
2]

E[𝑛𝑘
2]

= 10log10
E[𝑥‘𝑘

2]

E2[𝑛𝑘]+Var[𝑛𝑘]
  

         = 10log10
E[𝑥‘𝑘

2]

E2[𝑤𝑘+𝑖𝑘]+Var[𝑤𝑘+𝑖𝑘]
= 10log10

E[𝑥‘𝑘
2]

Var[𝑤𝑘]+E[𝑖𝑘
2]

  

 = 10log10

∑
𝑁−1

𝑘=0
𝑥‘𝑘

2

∑
𝑁−1

𝑘=0
(𝑤𝑘

2+𝑖𝑘
2)

                                                                        (2.7) 

decreases, where E[∙]  denotes the expectation operation, Var[∙]  denotes the variance 

operation, and 𝑤𝑘 and 𝑖𝑘 are assumed to be independent. However, if the threshold value 

is set too high, impulsive noise events will go undetected and will corrupt the receiver 

demodulation process as shown by (2.2). Thus a good threshold value is needed to 

balance the false positive and negative detections of impulsive noise events.  

Theoretically, the idea of a conventional mean filter is simply to replace each 

element in the transmitted data sequence with the mean or average value of its neighbors 

including itself [41, 42]. With a conventional mean filter only a rough approximation of 

the original OFDM transmitted signal is obtained.  Although this is a poor representation 

of the original OFDM signal, some gain in receiver performance is achieved through the 

removal of the impulsive noise energy. In order to improve upon this, a new approach 

based on an improved mean windowing filter is proposed where the statistical property of 

every element and its neighbors is considered. The proposed filter attempts to remove 

impulsive noise rather than replace the OFDM signal with a mean value, thereby 
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retaining the original characteristics of the original OFDM signal less the impulsive 

noise.  

2.3.1  Noise Estimation 

As shown earlier, the transmitted signal at the OFDM receiver is expressed by (2.2). 

Assuming a reasonable channel estimate where �̂�𝑛 ≈ 𝐻𝑛, the received signal 𝑅𝑛
(eq)

 after 

frequency equalization can be represented as 

𝑅𝑛
(eq)

= 𝑅𝑛�̂�𝑛
−1 = 𝑆𝑛 + 𝑊𝑛�̂�𝑛

−1 + 𝐼𝑛�̂�𝑛
−1, 𝑛 = 0,1, … ,𝑁 − 1.            (2.8)                                                             

The total noise component 𝑁𝑛 is the FFT of 𝑛𝑘, and is the sum of the impulsive noise 

and AWGN in frequency domain, that is, 

𝑁𝑛 = 𝑊𝑛 + 𝐼𝑛.                                                   (2.9) 

Our goal is to estimate the impulsive noise component 𝐼𝑛. To do this, the estimation of 

the integrated noise 𝑁𝑛 from (2.9) represented as �̂�𝑛 is given as 

�̂�𝑛 = �̂�𝑛(𝑅𝑛
(eq)

− �̂�𝑛), 𝑛 = 0,1, … ,𝑁 − 1,                       (2.10) 

where �̂�𝑛  is the estimated transmitted signal that is obtained using a preliminary 

estimation processing [24]. This estimation procedure is organized as follows: (1) after 

removing the CP, all null subcarriers, which were previously created for the 𝑁-point 

IFFT, containing noise-induced non-zero data are reset to zero (2) the transmitted data is 

then de-mapped to the proper constellation points yielding �̂�𝑛. 

2.3.2  Impulsive Noise Estimation using Composite Comparison Values 

Once �̂�𝑛 is estimated using (2.10), the following operation is considered, 

�̂�𝑘 = IFFT(�̂�𝑛) = �̂�𝑘 + 𝑖̂𝑘,                                    (2.11) 
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where �̂�𝑘 is the time domain combination of AWGN and impulsive noise, 𝑖�̂� indicates the 

representation of the estimated impulsive noise, �̂�𝑘  indicates the representation of the 

estimated AWGN, and IFFT|∙| is the IFFT operator. Once the impulsive noise component 

is estimated by our proposed filter, it can be subtracted from the received signal prior to 

decoding. The block diagram of the OFDM receiver with the CCV filter is shown in 

Figure 2.2. 
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Figure 2.2 Diagram of the OFDM receiver with the CCV filter 
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In the time domain, the occurrence probability of the impulsive noise is fixed to 1% 

or 10 % as discussed in Section 2.2. The peak amplitude of the impulsive noise is 

decreased, in order to obtain a large SNR and the peak amplitude of the impulsive noise 

does not greatly differ from the transmitted signal. But compared with AWGN, the spike 

of the impulsive noise is assumed to be still detectable and in this case, we attempt to 

obtain the estimated total noise and then proceed with impulsive noise removal. 

In order to mitigate the impact of the impulsive noise, a composite comparison value 

(CCV) algorithm is proposed to estimate 𝑖�̂� from �̂�𝑘. Initially, the estimated noise �̂�𝑘 is 

randomly sampled at the sampling rate 𝑄 = (𝑀 𝑁) × 100%⁄ , where 𝑀 is the number of 

sampling positions and 𝑁 is the number of the elements of the estimated noise �̂� in the 

time domain, where �̂� = [�̂�0, �̂�1, . . . �̂�𝑘, . . . , �̂�𝑁−1] . A sampling sequence 𝑠 =

[𝑠0, 𝑠1, … , 𝑠𝑚, … , 𝑠𝑀−1] is then obtained, where 0 ≤ 𝑚 ≤ 𝑀 − 1 and 𝑠 ⊂ �̂�. This process 

is shown in Figure 2.3. 
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Figure 2.3 The random sampling process 

 

Since 𝑠 ⊂ �̂�, a sampling position locator (𝜌,𝑚)  can be defined for the estimated 

noise �̂�𝑘 as 

�̂�(𝜌,𝑚) = 𝑠𝑚.                                                    (2.12) 
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This is illustrated in Figure 2.4. 

 

𝒔 = [𝒔𝟎,𝒔𝟏 ,                … ,                  𝒔𝒎,… , 𝒔𝑴−𝟏] 

�̂� = [�̂�𝟎, �̂�𝟏,… , �̂�(𝝆,𝟎)−𝟏, �̂�(𝝆,𝟎), �̂�(𝝆,𝟎)+𝟏,… , �̂�(𝝆,𝒎)−𝟏, �̂�(𝝆,𝒎), �̂�(𝝆,𝒎)+𝟏,… , �̂�𝑵−𝟏] 

 

Figure 2.4 Illustration of the sampling position locator 

 

 

A windowing process is then applied on every sampling position �̂�(𝜌,𝑚) of the 

estimated noise sequence �̂�. Figure 2.5 illustrates this process. 

 

[�̂�𝟎, �̂�𝟏,… , �̂�(𝝆,𝟎)−𝟏, �̂�(𝝆,𝟎), �̂�(𝝆,𝟎)+𝟏, …    , �̂�(𝝆,𝒎)−𝟏, �̂�(𝝆,𝒎), �̂�(𝝆,𝒎)+𝟏,… , �̂�𝑵−𝟏] 

Moving

2W+1 2W+1

𝒘𝒎 𝒘𝟎 

Center of 
window

Center of 
window

 

Figure 2.5 The windowing process 

 

For each sampling position �̂�(𝜌,𝑚), the respective window 𝑤𝑚 contains the following 

elements: 

𝑤𝑚 = [�̂�(𝜌,𝑚)−𝑊, �̂�(𝜌,𝑚)−𝑊+1, … , �̂�(𝜌,𝑚), … , �̂�(𝜌,𝑚)+𝑊−1, �̂�(𝜌,𝑚)+𝑊],       (2.13) 
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where 𝑤𝑚 is the window on the estimated noise �̂�𝑘 and the width of 𝑤𝑚 is 2𝑊 + 1. Now 

the CCV 𝜆𝑚  is defined as 

𝜆𝑚 =
max|𝑤𝑚|−min|𝑤𝑚|

mean|𝑤𝑚|
,                                        (2.14) 

where max indicates the maximum value, min indicates minimum value, mean indicates 

the mean value, and ∣ ∙ ∣ indicates the absolute value. Hence, after applying the window 

on all sampling positions, another mean value �̅� is obtained, 

�̅� =
∑

𝑀−1

𝑚=0
𝜆𝑚

𝑀
.                                           (2.15) 

Now the windowing process is applied on every element of the estimated noise �̂�𝑘 to 

obtain the window ẁ𝑘 for each element, that is, 

ẁ𝑘 = [�̂�𝑘−𝑊, �̂�𝑘−𝑊+1, … , �̂�𝑘, … , �̂�𝑘−𝑊−1, �̂�𝑘+𝑊].                     (2.16) 

The CCV �̀�𝑘 for every individual element of �̂�𝑘 is defined as 

�̀�𝑘 =
|�̂�𝑘|−min|ẁ𝑘|

mean|ẁ𝑘|
.                                             (2.17) 

A proposed filtering process for impulsive noise removal is then defined as follows: 

Step 1: If the absolute value of �̂�𝑘 , which is also the center of the current window, is 

larger than the mean absolute value in the sampling sequence 𝑠 =

[𝑠0, 𝑠1, … , 𝑠𝑚, … , 𝑠𝑀−1]: 

|�̂�𝑘| ≥ mean|𝑠|,                                                  (2.18) 

the filtering process moves to Step 2 for further analysis. Otherwise, the impulsive noise 

detection stops and the filtering process moves to the next data point �̂�𝑘+1. 
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Step 2: Once (2.18) is satisfied, the impulsive detection is triggered by considering the 

following condition: 

𝑖̂𝑘 = {
�̂�𝑘, if �̀�𝑘 ≥ �̅�

   0,   otherwise
 ,                                                 (2.19) 

where 𝑖�̂�  is the representation of the impulsive noise obtained by the CCV filtering 

process. After this processing, the center signal of every window will be classified as 

either impulsive noise or not. Impulsive noise removal is then achieved as shown in 

Figure 2.2, that is, 

�̃�𝑘 = 𝑟𝑘 − 𝑖�̂�,                                                  (2.20) 

where �̃�𝑘 is the transmitted signal with the impulsive noise suppressed.  

After the proposed impulsive noise filtering process, the received signal is processed 

by an FFT, that is 

�̃�𝑛 = FFT(�̃�𝑘),                                                 (2.21) 

where FFT|∙| is the FFT operator. Finally with the processing of the equalizer, the 

received signal is represented as 

�̃�𝑛
(eq)

= �̃�𝑛�̂�𝑛
−1.                                                 (2.22) 

In a low SNR environment with a fixed low occurrence probability of the impulsive 

noise, the peak amplitude of the impulsive noise in time domain is assumed to be much 

larger in comparison with the received signal 𝑟𝑘, and the impulsive noise generally results 

in a failure of the preliminary estimation processing discussed in Section 2.3.1. This is 

because the constellation arrangement of the QAM demodulation is incorrect due to the 

distortion introduced from the impulsive noise and results in additional errors in the 

estimation of the transmitted signal �̂�𝑛 . As a result, the estimation of the total noise 
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component �̂�𝑘 is no longer accurate. To avoid this the CCV filter can be directly applied 

to the transmitted signal 𝑟𝑘 rather than �̂�𝑘 and some BER improvement can be achieved. 

It should be noted, however, additional processing overhead is needed to assess the low 

SNR regime, possibly through power spectrum estimates from the OFDM receiver. 

2.3.3  Application of the Reed-Solomon Decoding Process 

In [28], it is found that RS code has the ability to correct burst errors. This is because 

RS decoder replaces the entire byte irrespective of the number of bits in error. In terms of 

𝑞 − 𝑏𝑖𝑡 conventional RS(𝑒, 𝑘) codes, where 𝑘 is the number of data symbols and 𝑒 is the 

number of code symbols of each coding block, that is, 

(𝑒, 𝑘) = (2𝑞 − 1, 2𝑞 − 2𝑡 − 1),                                    (2.23)  

where 𝑡  is the length of the correcting capability, thus 2𝑡  is the length of the parity 

symbols.  

Now the impact of a random impulsive noise sequence on RS codeword is 

considered. As expected, the impulsive noise event will affect all OFDM subcarriers once 

processed by the FFT demodulation process, that is, 

𝐼𝑛 = FFT(𝑖𝑘) = ∑
𝑁−1

𝑘=0
𝑖𝑘exp (−j

2π𝑛𝑘

𝑁
) , 0 ≤ 𝑛 ≤ 𝑁 − 1.              (2.24) 

With the FFT representation of the impulsive noise in (2.24), the impact of a large 

impulsive noise error can exceed the error correcting capability of RS decoder. Therefore, 

one idea is to increase the accuracy of the decoding. More specifically, a traditional RS 

decoder employs syndromes to decrease the size of the dictionary which is used to 

determine the minimum Hamming distance [40]. Generally syndrome testing is defined 

as  
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Š = ŘȞ𝑇 = (Č + Ě)Ȟ𝑇 = ĚȞ𝑇 = (š1, š2, … š𝑒−𝑘),                     (2.25) 

Ȟ𝑇 = [
ȟ1,1 ⋯ ȟ1,𝑒

⋮ ⋱ ⋮
ȟ𝑒−𝑘,1 ⋯ ȟ𝑒−𝑘,𝑒

],                                         (2.26) 

Ě = (ě1, ě2, … ě𝑒),                                              (2.27) 

where Ř is the received codeword, Č is the original transmitted codeword, Ě is the error 

vector, and Ȟ𝑇  is the transpose of the parity check. From (2.25), it is known that the 

syndrome only reflects the impact of error, irrespective of what the transmitted codeword 

is. To solve for the representation of Ě, it is assumed that the codeword has 𝑡 errors 

corresponding to the error correcting capability at locations 𝑥𝑓1 , 𝑥𝑓2 , … , 𝑥𝑓𝑡  with error 

value 𝑦𝑓1 , 𝑦𝑓2 , … , 𝑦𝑓𝑡. The error polynomial can be deduced as 

Ě(𝑥) = 𝑦𝑓1𝑥
𝑓1 + 𝑦𝑓2𝑥

𝑓2 + ⋯+ 𝑦𝑓𝑡𝑥
𝑓𝑡,                                 (2.28) 

where the index 𝑓 refers to the error location and 1,2, … , 𝑡 refers to the first, second,…, 

𝑡 th error. In order to determine each location 𝑥𝑓𝑙  and its error value 𝑦𝑓𝑙
, where 𝑙 =

1,2, … , 𝑡 , an error location number is defined as 휀𝑙 = 𝑎𝑓𝑙, where 𝛼 represents the basic 

elements of Galois Field. Next, 𝑎𝑐  is substituted into the received polynomial, where 

𝑐 = 1,2, … ,2𝑡. Then the 2𝑡 syndrome symbols are obtained: 

š𝑐 = Ř(𝑎𝑐) =   ∑
𝑡

𝑙=1
𝑦𝑓𝑙

휀𝑙
𝑐.                                         (2.29) 

Hence the task is to find out the error value 𝑦𝑓𝑙
 and the location 𝑥𝑓𝑙 . The error 

location polynomial Υ(𝑥) is defined as 

                          Υ(𝑥) = (1 − 휀1𝑥)(1 − 휀2𝑥)⋯ (휀𝑡𝑥)  

= ∏
𝑡

𝑙=1
(1 − 휀𝑙𝑥) = Υ𝑡𝑥

𝑡 + Υ𝑡−1𝑥
𝑡−1 + ⋯Υ1𝑥 + Υ0,           (2.30) 
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where the solutions are 1 휀1⁄ , 1 휀2⁄ , … 1 휀𝑡⁄ , indicating the error locations 휀1, 휀2, … , 휀𝑡. In 

order to solve (2.30) with the given syndrome polynomial Š, the Berlekamp-Massey 

(BM) iterative algorithm is employed [43]. The BM algorithm is briefly summarized as 

follows. We define  

{
 
 

 
 Š(𝑥) = 1 + š1𝑥 + š2𝑥

2 + ⋯+ š2𝑡𝑥
2𝑡

𝓌(𝑥) = Š(𝑥)Υ(𝑥)

            = 1 + (š1 + Υ1)𝑥 + (š2 + š1Υ1 + 2Υ2)𝑥
2 + ⋯+ (š𝑡 + Υ1 + š𝑡−2Υ2 + ⋯+ Υ𝑡)𝑥

𝑡

            = 1 + 𝓌1𝑥 + 𝓌2𝑥
2 + ⋯+ 𝓌𝑡𝑥

𝑡

 .

(2.31) 

The key equation is obtained as 

Š(𝑥)Υ(𝑥) ≡ 𝓌(𝑥) (mod 𝑥2𝑡+1),                                  (2.32) 

where mod indicates a modulo division operation. For the BM iterative processing, a 

step-difference function 𝒹𝑗 is employed, that is  

 Š(𝑥)Υ(𝑗)(𝑥) ≡ (𝓌(𝑗)(𝑥) + 𝒹𝑗𝑥
𝑗+1) (mod 𝑥𝑗+2),                   (2.33) 

where 𝑗 indicates the 𝑗th iteration. 

Once the initial 𝒹, Υ(𝑥),𝓌(𝑥) are given, the iterations can be achieved as  

{
 
 
 

 
 
 𝒹𝑗 = š𝑗+1 + ∑

𝜕𝓌(𝑗)(𝑥)

𝑐=1
š𝑗+1−𝑐𝓌𝑐

(𝑗)

Υ(𝑗+1)(𝑥) = {
Υ(𝑗)(𝑥) − 𝒹𝑗𝒹𝑣

−1𝑥𝑗−𝑣Υ(𝑗)(𝑥), 𝒹𝑗 ≠ 0

Υ(𝑗)(𝑥), 𝒹𝑗 = 0

𝓌(𝑗+1)(𝑥) = {
𝓌(𝑗)(𝑥) − 𝒹𝑗𝒹𝑣

−1𝑥𝑗−𝑣𝓌(𝑗)(𝑥), 𝒹𝑗 ≠ 0

𝓌(𝑗)(𝑥), 𝒹𝑗 = 0

′               (2.34) 

where 𝜕  indicates a partial derivative operation, and 𝑣  is corresponding to max(𝑣 −

𝜕Υ(𝑗)(𝑥)). 

The initial values are given as 
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Υ(−1)(𝑥) = 1,𝓌(−1)(𝑥) = 0, 𝒹−1 = 1, 𝑗 = −1,                         (2.35) 

then we obtain 

Υ(0)(𝑥) = 1,𝓌(0)(𝑥) = 1, 𝒹0 = š1, 𝑗 = 0.                           (2.36) 

According to (2.34), the error location polynomial is obtained after 2𝑡 iterations: 

Υ(𝑥) = Υ(2𝑡)(𝑥).                                              (2.37) 

For (2.37), the Chien-search algorithm is employed to find the error locations with (2.30) 

[44]. With the RS encoder, we have  

휀(𝑧)
−1 = 𝑎−𝑧,                                                    (2.38) 

where 𝑧 = 0,1, … , 𝑒, and any 휀(𝑧)
−1, satisfying the following condition 

Υ(𝑥) = Υ(2𝑡)(𝑥) = Υ(휀(𝑧)
−1) = 0,                                 (2.39) 

is recorded as the error location number: 

휀𝑙 = 휀(𝑧).                                                      (2.40) 

The error value is then evaluated by the Forney Algorithm [45]: 

𝑦𝑓𝑙
= −

 𝓌( 𝑙
−1)

Υ´( 𝑙
−1)

 ,                                              (2.41) 

where ´  indicates a derivative operation. Once the error polynomial Ě(𝑥)  is obtained, 

decoding with error correction then follows. 

2.4  Simulation Results 

For our OFDM simulations using MATLAB, a 276𝑘 random bits baseband signal is 

transmitted via 200 subcarriers and a 512-point FFT/IFFT process. 16-QAM is used for 

baseband modulation and RS coding is added to provide additional impulsive noise 

resistance. A conventional bit-mapping arrangement for the 16-QAM symbol-to-voltage 
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conversion process was used and is shown in Table 2.1. Block interleaving then follows 

to provide additional channel robustness. At the receiver, the de-interleaver operates in 

reverse to arrange the encoded symbols in the original sequence. Since the effect of the 

impulsive noise on OFDM systems is the focus of this research, in order to lessen the 

impact of AWGN, the signal-to-AWGN ratio (SAR) is fixed to 20 dB, that is 

𝑆𝐴𝑅 = 10log10

∑
𝑁−1

𝑘=0
𝑥‘𝑘

2

∑
𝑁−1

𝑘=0
𝑤𝑘

2
 ,                                   (2.42) 

and the impulsive noise amplitude was varied to achieve the desired SNR for all the 

following simulations. For the CCV filter, experimental results indicate that a reasonable 

sampling rate, 𝑄 , and window width, 2𝑊 + 1 , are 10%  and 41, respectively. The 

structure of our simulation tests is shown in Figure 2.1. 

 

Table 2.1 The arrangement of 16-QAM Bit-mapping 

Baseband bit block I channel Q channel 

00 -3 -3 

01 -1 -1 

10 +1 +1 

11 +3 +3 

 

 

With the above configuration, several simulations with various probabilities of 

impulsive noise occurrence and RS code rates were performed to demonstrate the 

performance of the CCV filter with our practical RS decoding scheme. 
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2.4.1  Case 1: 𝒑 = 𝟏%;  𝒆 = 𝟏𝟓, 𝒌 = 𝟑 

The settings are arranged as follows for Case 1. The probability of the impulsive 

noise events occurrence is fixed to 1%. The length of the RS redundancy is fixed to 12 

given the assumed impulsive noise characteristics. In order to limit the overhead of the 

RS coding process, the length of the codeword is fixed to a reasonable value of 15. 

Therefore the length of the data symbol is 3 and for RS(15, 𝑘), every symbol contains 4 

bits.  

In the first simulation, the advantage of utilizing the CCV filter on the constellation 

of a 16-QAM demodulation process with 10 dB SNR is demonstrated. The differences 

between constellations of RS-OFDM with and without the CCV filter are shown in 

Figure 2.6. Clearly, the effectiveness of the CCV filter in improving the desired 

clustering of the QAM constellation points is seen. 

 

 

Figure 2.6 Left: constellation without the CCV filter; right: constellation with the CCV filter (SNR= 

10 dB, 𝒑 = 𝟏%) 
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In the second simulation, the BER performances of the conventional OFDM 

(OFDM), OFDM with VBF filter (VBF-OFDM) [24], OFDM with CCV filter (CCV-

OFDM), RS-OFDM, and RS-OFDM with CCV filter (RSCCV-OFDM) are compared. 

The BER simulation results are shown in Figure 2.7. In these results the CCV-OFDM 

system shows an improved performance when compared to the VBF-OFDM system. As 

one can see, both the CCV filter and RS coding procedure improve the impulsive noise 

resistance of the OFDM system. Overall, the BER improvement of the proposed RSCCV-

OFDM system is the largest when compared to all other methods.  

 

 

Figure 2.7 BER performances of the OFDM, VBF-OFDM, CCV-OFDM, RS-OFDM, and RSCCV-

OFDM (𝒑 = 𝟏%) 
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2.4.2  Case 2: 𝒑 = 𝟏𝟎%;  𝒆 = 𝟏𝟓, 𝒌 = 𝟑 

In Case 2, the simulation settings are: the probability of the impulsive noise events 

occurrence is fixed to 10%, the length of the codeword is fixed to 15, the length of the 

data symbol is 3. The simulation results are shown in Figure 2.8. It is seen that RS-

OFDM has fairly good impulsive noise resistance and is close in performance to 

RSCCV-OFDM but the latter having consistently the best BER performance. Based on 

the simulations of Case 1 and 2, it is found that the overall processing time of RS-OFDM 

utilizing CCV filter is approximately 6 times than the RS-OFDM without CCV filter. 

With specialized hardware, it is anticipated that this additional computational overhead 

can be significantly reduced. 

 

 

Figure 2.8 BER performances of the OFDM, VBF-OFDM, CCV-OFDM, RS-OFDM, and RSCCV-

OFDM (𝒑 = 𝟏𝟎%) 
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2.4.3  Case 3: 𝒑 = 𝟏%;  𝒆 = 𝟏𝟓, 𝒌 = 𝟑, 𝟓, 𝟕, 𝟗, 𝟏𝟏 

In this case, the simulation settings are: the probability of the impulsive noise events 

occurrence is fixed to 1%, the length of the codeword is fixed to 15, the length of the data 

symbol is varying from 3 to 11. 

Theoretically, if a coding scheme attempts to mitigate the effects of impulsive noise, 

the noise duration has to be only a small percentage of the codeword [28]. Therefore an 

increased size of the code block should enhance the error correcting capability but with 

the trade-off of more processing overhead. In this simulation, the BER performance of 

the RSCCV-OFDM with various RS redundancies is illustrated in Figure 2.9. As one can 

see, the results match theoretical expectations with the rate 3 15⁄  code yielding the best 

performance. 

 

 

Figure 2.9 BER performance of the RSCCV-OFDM with various RS redundancies (𝒑 = 𝟏%) 
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2.4.4  Case 4: Multipath Channel: 𝒑 = 𝟏%;  𝒆 = 𝟏𝟓, 𝒌 = 𝟑 

In case 4, the simulation settings are arranged as follows. The probability of the 

impulsive noise events occurrence is fixed to 1%, the length of the codeword is fixed to 

15, the length of the data symbol is 3. To facilitate a more realistic channel model, a time-

invariant 7-path frequency-selective channel was utilized as an example to evaluate the 

performance of the proposed impulsive noise suppression algorithm. The resulting 

channel frequency response is shown in Figure 2.10. Although more difficult channel 

models could have been utilized, this example of a frequency-selective channel should 

suffice given our study focuses on point-to-point transceivers. 

 

 

Figure 2.10 Multipath channel response 

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1
-10

-8

-6

-4

-2

0

2

Normalized Frequency

M
a

g
n

it
u

d
e

 R
e

s
p

o
n

s
e

 (
d

B
)



 

37 

 

The BER and the symbol error rate (SER) are shown in Figure 2.11 and 2.12, 

respectively. From Figure 2.11, it can be seen that, to achieve the same bit error 

condition, CCV-OFDM obtains an average 9 dB and 6 dB SNR improvement when 

compared to OFDM and VBF-OFDM, respectively; RSCCV-OFDM also obtains a 

significant SNR improvement when compared to RS-OFDM. The system SER shows 

similar results. 

 

 

Figure 2.11 BER performances of the OFDM, VBF-OFDM, CCV-OFDM, RS-OFDM, and RSCCV-

OFDM in a multipath channel 
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Figure 2.12 SER performances of the OFDM, VBF-OFDM, CCV-OFDM, RS-OFDM, and RSCCV-

OFDM in a multipath channel 
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In this chapter, the dual protection scheme utilizing CCV filter and RS coding is 

proposed in order to mitigate the effect of impulsive noise in OFDM systems. The CCV 

pre-processing filter and practical RS decoding process with the frequency domain noise 

estimation are theoretically analyzed and confirmed through simulation. In comparison to 

other existing impulsive noise suppression algorithms, the proposed RSCCV-OFDM 

provides good resistance of impulsive noise and provides for additional performance 

gains over previously proposed methods. Numerous environmental regimes were tested 
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Chapter 3  Impulsive Noise Resistance of 915 MHz and 2.4 GHz Band 

ZigBee Communication Systems 

3.1  Introduction 

The monitoring of electricity substation components is a critical task for substation 

operation as unnoticed equipment failure can create a safety hazard and/or be costly if 

pre-emptive measures are not taken. To facilitate the successful management of 

equipment faults, especially in high voltage systems, an efficient real time monitoring 

and communication system is required [46, 47]. In this regard, the wireless sensor 

network (WSN) allows for a flexible and cost-effective deployment in comparison to 

wireline sensor-based systems [48, 49]. Although a number of wireless technology 

candidates, such as WiFi, Bluetooth, DigiMesh, have been suggested for low-cost sensor 

nodes, the ZigBee standard draws significant attention from the electricity power industry, 

due to its open platform, low-power consumption, and security considerations [9, 50-52]. 

In this hazardous environment, a ZigBee-based WSN is also useful to achieve various 

industrial automations and helps to avoid potential bodily danger which improves 

industry efficiency [9].   

However, when a ZigBee WSN is deployed under such difficult electromagnetic 

circumstances, as with many other wireless communication technologies, it can suffer 

from various noise difficulties such as the influence of AWGN and impulsive noise 

generated by high power electric devices. Particularly in a heavy power utility 

environment, impulsive noise is a common phenomenon [53]. Two main sources of 
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impulsive noise in substations are generally identified as partial discharge (PD) caused by 

deteriorated insulation and sferic radiation distortion from switching shock [46]. 

Furthermore, reviews of previous research indicate the relationship between an impulsive 

noise model and PD events [46, 54, 55]. It has been reported that PD impulsive noise 

may be the major source of external noise interference for wireless communication 

systems [48]. Recent research also reveals that impulsive noise occurring in electricity 

substations can degrade the performance of ZigBee systems [9, 46, 48]. In previous work, 

Gaouda compares the effect of high voltage noise, PD and impulsive events on the 2.4 

GHz ZigBee band [9]. Numerical results of lost data packets are obtained from 

experiments which demonstrate the degraded system performance when the ZigBee 

nodes are close to impulsive faults. Also, Shan presented several laboratory results in the 

form of the byte error rate and BER for the 2.4 GHz band ZigBee band affected by 

impulsive noise [46]. In Bhatti’s work, an impulsive noise model based on the symmetric 

𝛼 -stable distribution was proposed to evaluate the performance of ZigBee systems. 

Simulation results showed that when the power of impulsive noise is increased, the BER 

performance degradation of ZigBee systems is significant [48].    

In this chapter, for the purpose of improving the deployment stability of ZigBee 

WSNs in high voltage electricity substations, an investigation of the performance of 

ZigBee systems in impulsive noise environments is described. Both the 915 MHz and 2.4 

GHz band ZigBee systems utilize the DSSS baseband and O-QPSK modulation schemes 

with the corresponding carrier frequency and chip rate. Therefore, the noise performance 

of both of these ZigBee systems is evaluated in this chapter. Furthermore, to assess the 

impulsive noise performance of 915 MHz band and 2.4 GHz band ZigBee with computer 
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simulations, a novel PD impulsive noise model based on the statistical characteristics 

obtained from electricity substations is proposed [55]. Both theoretical and simulation 

results show the 2.4 GHz band ZigBee is less sensitive to PD impulsive noise in 

electricity substations, but it may be advantageous to deploy 915 MHz ZigBee if PD 

detection and concurrent telemetry data collection are desired. 

The rest of this chapter is organized as follows. In Section 3.2, the theoretical noise 

performance of the DSSS coding modulation utilized in ZigBee systems is analyzed. 

Section 3.3 describes a novel model of PD impulsive noise based on the statistical results 

from previous research [55]. Finally, in Section 3.4, numerical simulation results are 

presented and the impact of PD impulsive noise on ZigBee systems operating at 915MHz 

and 2.4 GHz bands is discussed.  

3.2  Noise Performance of the Coding Modulation in ZigBee Systems 

The 915 MHz and 2.4 GHz bands on the PHY layer are part of the industrial, 

medical service, and science research bands. The 915 MHz band is used in North 

America and the 2.4 GHz band is accepted worldwide [56]. Therefore, our research will 

focus on these two bands of operation. General PHY specifications defined by IEEE 

802.15.4 standard for the two bands are summarized in Table 1.1. As previously 

described in Chapter 1, the spreading mode for both frequency bands is DSSS while the 

modulation method for both frequency bands is O-QPSK. 

According to coding theory, the length of the redundancy 𝑟 , length of the data 

symbol 𝑘, and the correcting capacity 𝑡 must meet the Plotkin bound [57]: 

𝑡 ≤
1

2
(
(𝑟+𝑘)×2𝑘

2𝑘−1
− 1)  .                                               (3.1) 
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With the same 𝑘, a greater 𝑟 yields a greater correcting capacity 𝑡. For the DSSS coded 

ZigBee systems, the spreading gain GainZigBee is defined as 

GainZigBee = 10log10
𝑅𝑐

𝑅𝑏
= 10log10

𝑟+𝑘

𝑘
  ,                             (3.2) 

where 𝑅𝑐  is the chip rate and 𝑅𝑏 is the bit rate respectively. Specifically, both the 2.4 

GHz and 915 MHz ZigBee bands have the same 𝑘 corresponding to the symbol length 

[58].  

In O-QPSK systems, the channel bit error probability 𝑝𝑐 is represented as 

𝑝𝑐 = 𝑄 (√
2𝐸𝑐

𝑁0
) ,                                                    (3.3) 

where 𝐸𝑐 is the coded bit energy and 𝑁0 is the noise power spectral density respectively 

[28]. Additionally, 𝑄(𝑥) is the complementary error function (Q-function) defined as 

𝑄(𝑥) ≈
1

𝑥√2π
exp (−

𝑥2

2
) ,                                            (3.4)                                                                   

and it is monotonically decreasing. We have 

𝐸𝑐

𝑁0
=

𝑆

𝑁0𝐵
=

𝑆

𝑁0𝑅
 ,                                                   (3.5) 

where 𝑆 is the signal power, 𝐵 is the coded bit bandwidth, 𝑁 is the noise power, and 𝑅 is 

the code-bit rate. The code-bit rate corresponds to the spreading gain GainZigBee of the 

DSSS modulation. Hence, (3.3) can be modified as: 

𝑝𝑐 = 𝑄 (√
2𝑆

𝑁0𝑅
 ) .                                                 (3.6) 

For a coded system, the coded block error probability 𝑝𝑀 is represented as 

𝑝𝑀 = ∑
𝑛

𝑗=𝑡+1
(
𝑛
𝑗) 𝑝𝑐

𝑗(1 − 𝑝𝑐)
𝑛−𝑗  .                                    (3.7) 
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Therefore, considering (3.6) and (3.7), with the condition of the same 
𝑆

𝑁0
 and a small 𝑝𝑐, 

the higher code-bit rate system has the less block error probability 𝑝𝑀  compared to a 

lower bit rate system. Theoretically, a 2.4 GHz band ZigBee system should outperform 

its 915 MHz counterpart in terms of the error correcting capability. 

3.3  Modelling the Sequence of PD Impulsive Noise 

As early discussed in Section 3.1, it has been found that the radiation of PD 

impulsive events can lower the reliability of ZigBee systems working in high voltage 

environments. In order to identify the characteristics of the PD impulsive noise, Shan 

proposed a two-stage approach, utilizing a collection of the measured data at the 

400/275/132 kV substation [55]. Since the measured impulsive noise events may be of 

low amplitude given the proximity and sensitivity of the measurement equipment, the 

resulting impulsive noise may be buried in other non-impulsive noise. Thus, the first step 

was to obtain the de-noised impulsive noise events from the original measurements using 

the wavelet packet transformation. The second stage includes the extraction of impulsive 

noise features and an assessment of a series of statistical distributions such as impulse 

rate, impulse amplitude, and impulse rise times. The statistical results are summarized in 

Table 3.1 where LBH and HBH are the low and high band quasi-transverse 

electromagnetic horn antennas, respectively [55]. 
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Table 3.1 The parameters of fitted distributions from the measured data 

Process Antenna Distribution Parameters 

 

 

 

Impulse 

rate 

 

LBH 

 

Generalized 

extreme value 

μ 8.9 × 104𝑠−1 

σ 3.02 × 104𝑠−1 

k 3.77 × 10−1 

 

HBH 

 

Generalized 

extreme value 

μ 1.08 × 105𝑠−1 

σ 1.16 × 104𝑠−1 

k 2.34 × 10−1 

 

Impulse 

amplitude 

 

LBH 

 

Gaussian 

μ −7.57 × 10−2𝑚𝑉 

𝜎2 5.19 × 10−1𝑚𝑉 

 

HBH 

 

Gaussian 

μ −1.48 × 10−1𝑚𝑉 

𝜎2 1.94 × 10−1𝑚𝑉 

 

 

Impulse 

rise time 

 

LBH 

 

T location-

scale 

μ 1.13 × 102𝑛𝑠 

σ 3.51 × 101𝑛𝑠 

v 1.95 × 100 

 

HBH 

 

T location-

scale 

𝜇 9.67 × 101𝑛𝑠 

σ 2.68 × 101𝑛𝑠 

v 9.05 × 10−1 

 

3.3.1  Time Domain Model 

Based on the above summary, a simplified model of the PD impulsive noise 

sequence is proposed: the duration of the impulsive event is not included and the 

impulsive event is considered as an individual Dirac delta pulse, that is 

𝐼[𝑛 + 1] = ∑
𝑁−1

𝑛=0
(((𝐴0 + ĝ)cos(2πê𝑡 − ń))𝛿 (𝑡 − 𝑛 ê⁄ −

ń

2πê
) − 𝐴0) .   (3.8)                                                                            

Equation (3.8) is subject to 

{
 
 

 
 
ĝ ∈ 𝐺(𝜇𝐺 , 𝜎𝐺

2)

ê ∈ 𝐺𝐸𝑉(𝑘𝐺𝐸𝑉 , 𝜎𝐺𝐸𝑉 , 𝜇𝐺𝐸𝑉)

ń ∈ 𝑈(0,2π)
ŧ ∈ 𝑇(𝜇𝑇, 𝜎𝑇 , 𝑣)

𝐴0 ≫ 𝜎𝐺
2

   ,                                 (3.9) 
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where 𝐺  is a Gaussian process with a mean of 𝜇𝐺  and variance of 𝜎𝐺
2 , 𝐺𝐸𝑉  is a 

Generalized Extreme Value process with a shape parameter of 𝑘𝐺𝐸𝑉, scale parameter of 

𝜎𝐺𝐸𝑉 and location parameter of 𝜇𝐺𝐸𝑉, 𝑈 is a uniform process within the range of 0 to 2π, 

𝑇 is a T Location-scale process with a location parameter of 𝜇𝑇, scale parameter of 𝜎𝑇 

and shape parameter of 𝑣, and 𝐴0 is the amplitude of the carrier. All relevant distributions 

in (3.9) correspond to the contents of Table 3.1 [55]. Therefore, our proposed model can 

be considered as an impulse-train sampling process with an amplitude modulation (AM) 

process to set amplitude values. This model has the following properties: 

1. According to Shan’s research, the time-interval between each nearby pulse is 

approximately constant suggesting a single dominant source of the impulsive noise. 

Correspondingly, the periodic sampling process extracting the positive peaks from the 

AM modulated signal ensures the time interval between each nearby impulse is constant, 

and the sampling frequency ê corresponds to the GEV distribution of the impulse rate in 

Table 3.1. 

In [55], the occurrence intervals of impulsive events are uniformly distributed. In this 

regard, the initial phase ń of the AM signal is uniformly distributed from 0 to 2π in every 

AM carrier period which results in the impulses extracted by the periodic sampling 

process occurring arbitrarily and results in the occurrence times being uniformly 

distributed, as desired. 

2. With AM modulation, the modulating signal is a Gaussian process 𝐺(𝜇𝐺 , 𝜎𝐺
2), hence 

the set of all positive peaks of the AM modulated signal deducted by 𝐴0  can be 

considered as the periodic sampling process on 𝐺(𝜇𝐺 , 𝜎𝐺
2). We define the set of the 
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sampling results from the process 𝐺(𝜇𝐺 , 𝜎𝐺
2)  as 𝐺𝑠 = [𝑣0, 𝑣2, … , 𝑣𝑞−1] . Assuming a 

random variable 𝜓 ∈ 𝐺𝑠, we have 

∑
𝑞−1

𝑖=0
𝑃(𝜓|𝑣

𝑖
) = 1.                                           (3.10) 

The expectation of the sample mean 𝜇  of 𝐺𝑠 is 𝜇𝐺 and the variance of the mean is equal to 

𝜎𝐺
2

𝑞
. The expectation of sample variance 𝜎 2 of 𝐺𝑠 is 𝜎𝐺

2 and the corresponding variance is 

equal to 
4𝜎𝐺

2

𝑞−1
. When 𝑞 is large enough, we can assume   

{
𝜇 ≈ 𝜇𝐺

𝜎 2 ≈ 𝜎𝐺
2   .                                                  (3.11)                                 

In order to simplify the identification process of the probability distribution density 

(PDF) for 𝐺𝑠, we assume the average power of 𝐺𝑠 is zero and the variance is normalized 

to 1, and thus we have  

∑
𝑞−1

𝑖=0
𝑃(𝜓|𝑣

𝑖
)𝑣𝑖

2 = 1 .                                          (3.12) 

The entropy 𝐻(𝜓) of 𝜓 is 

𝐻(𝜓) = − ∑
𝑞−1

𝑖=0
𝑃(𝜓|𝑣

𝑖
)ln𝑃(𝜓|𝑣

𝑖
) .                              (3.13) 

To maximize 𝐻(𝜓), we employ the Lagrange multiplier 𝜆, and the Lagrange function is 

Λ = 𝐻(𝜓) + 𝜆( ∑
𝑞−1

𝑖=0
𝑃(𝜓|𝑣

𝑖
)𝑣𝑖

2 − 1) ,                             (3.14) 

which is subject to (3.12). According to (3.13) and (3.14), we have  

Λ = − ∑
𝑞−1

𝑖=0
𝑃(𝜓|𝑣

𝑖
)ln𝑃(𝜓|𝑣

𝑖
)  + 𝜆( ∑

𝑞−1

𝑖=0
𝑃(𝜓|𝑣

𝑖
)𝑣𝑖

2 − 1) 

= ∑
𝑞−1

𝑖=0
{𝜆𝑃(𝜓|𝑣

𝑖
)𝑣𝑖

2 − 𝑃(𝜓|𝑣
𝑖
)ln𝑃(𝜓|𝑣

𝑖
)} − 𝜆 .                         (3.15) 
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The partial derivative is 

𝜕Λ

𝜕𝑃(𝜓|𝑣𝑖)
= 𝜆𝑣𝑖

2 − ln𝑃(𝜓|𝑣
𝑖
) = 0 .                                (3.16) 

Hence, we have 

𝑃(𝜓|𝑣
𝑖
) = 𝑒𝜆𝑣𝑖

2
< 1 .                                           (3.17) 

According to the property of the function 𝑓(𝑘) = 𝑒𝑘, we have 

𝜆𝑣𝑖
2 < 0  ⇒   𝜆 < 0 ,                                            (3.18) 

and, finally, we have the conclusion 

𝑃(𝜓|𝑣
𝑖
) = 𝑒𝜆𝑣𝑖

2
, 𝜆 < 0 .                                          (3.19) 

Compared to the standard normal distribution 

𝑓(𝜒) = 𝑒−π𝜒2
,                                                     (3.20)  

it is concluded that the PDF of the periodic sampling process to a Gaussian process is 

also Gaussian distributed. This verifies that for the model suggested in (3.8), the 

amplitude is Gaussian distributed with the approximate mean 𝜇𝐺  and variance 𝜎𝐺
2 , 

respectively. 

3.3.2  Frequency Domain Model 

The common characteristics of impulsive noise from high voltage faults are of short 

time duration and high-energy content yielding broadband-like noise of significant power 

spectral density (PSD) levels. From previous research, impulsive noise can be modeled 

by a simple sinc function [59, 60], which leads to an extension of our PD impulsive noise 

model in time domain. To analyze the frequency properties, the individual impulsive 

noise event 𝑖 is considered as a normalized sinc function with the parameter 𝑓𝑖, that is 
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{

𝑖 = sinc(2𝑓𝑖𝑡) =
sin(2π𝑓𝑖𝑡)

2π𝑓𝑖𝑡

𝐹(𝑓) = {
1, |𝑓| ≤ 𝑓𝑖
0, |𝑓| > 𝑓𝑖

  ,                                    (3.21) 

where 𝐹(𝑓) is the Fourier transform of the sinc function and various 𝑓𝑖 represent different 

frequency properties. 

According to the IEEE 802.15.4 standard, when considering the alternative channel 

rejection and the 20dB PSD decay frequency limit, the operation frequency range for 915 

MHz and 2.4 GHz band ZigBee are 902.8-927.2 MHz and 2396.5 MHz-2488.5 MHz, 

respectively. Thus, the sinc-like impulsive noise affecting the 915 MHz and 2.4 GHz 

band ZigBee are represented as 𝑖1 and 𝑖2, respectively, that is 

{
𝑖1 =  sinc(2𝑓𝑖,1𝑡),  𝑓𝑖,1 ≥ 902.8 MHz

𝑖2 =  sinc(2𝑓𝑖,2𝑡),  𝑓𝑖,2 ≥ 2396.5 MHz
  .                        (3.22) 

The rise time ŧ𝑖 of 𝑖 is defined as 

ŧ𝑖 = |𝑇𝑠 − 𝑇𝑒|  ,                                             (3.23)  

where 𝑇𝑠  and 𝑇𝑒  correspond the 10% and 90% of the sinc maximum amplitude, 

respectively [55]. One example is illustrated in Figure 3.1. With (3.23) and (3.24), the 

rise times of the impulsive noise affecting the 915 MHz and 2.4 GHz ZigBee bands are 

obtained and represented as ŧ𝑖,1 and ŧ𝑖,2, respectively. Based on Shan’s results in Table 

3.1, the results of the cumulative distribution function (CDF) 𝐶𝑇  for ŧ𝑖,1  and ŧ𝑖,2  are 

summarized in Table 3.2, where 𝐶𝑇  is obtained by the PDF 𝑃𝑇  of the process 

𝑇(𝜇𝑇 , 𝜎𝑇 , 𝑣), that is 

𝐶𝑇(𝜇𝑇 , 𝜎𝑇 , 𝑣) = ∫ 𝑃𝑇(𝜇𝑇, 𝜎𝑇 , 𝑣)𝑑
ŧ𝑖
𝑡=0

𝑡 .                               (3.24) 
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Figure 3.1 Illustration of the impulsive noise rise time 

 

Table 3.2 The CDF of the rise time ŧ𝒊,𝟏 and ŧ𝒊,𝟐 

Impulse rise time ŧ𝒊,𝟏 ŧ𝒊,𝟐 

CDF 𝑪𝑻 4.45% 0.426% 

 

From this result, impulsive noise has a tenfold higher probability of impacting the 915 

MHz band in comparison with the 2.4 GHz band.  
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3.4 Simulation 

Based on our proposed model of the PD impulsive noise, numerical MATLAB 

simulations were performed. The simulation diagram of the PHY layer of both 915 MHz 

and 2.4 GHz ZigBee bands is shown in Figure 3.2. Detailed description of the ZigBee 

transmitter and receiver is given in Figure 1.3 and 1.4. 
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Figure 3.2 Diagram of the ZigBee system simulation 

 

The simulation settings for both ZigBee bands are: the binary source generates 60000 

bits; every 4 bits are converted into one symbol; the required DSSS and O-QPSK 

modulation with half-sine pulse shape follow the IEEE 802.15.4 standard; the SAR is 

fixed to 25dB for the AWGN channel; since the impulsive noise decays quickly with 

distance [55], the 𝜎𝐺
2 in (3.9) is varied to achieve desired SNR. The BER result of 915 

MHz and 2.4 GHz ZigBee bands is shown in Figure 3.3. This result shows the 2.4 GHz 

band outperforming the 915 MHz band, which is expected given the CDF results given in 

Table 3.2. It may be of interest, however, to utilize the poorer performance of the 915 

MHz band for PD detection indicating a possible dielectric breakdown. One can envision 
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the deployment of 915 MHz sensor nodes for PD detection and concurrent telemetry data 

collection by those unaffected by impulsive noise. Additionally, with respect to the path 

loss of received signal power, the deployment of 915 MHz band ZigBee should obtain a 

better point-to-point communication distance when compared with the 2.4 GHz band 

given the same transmit power [28]. 

 

  

Figure 3.3 BER performances of 915 MHz and 2.4 GHz band ZigBee systems 
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3.5  Conclusion 

In this chapter, an investigation of the performance of ZigBee systems at the 915 

MHz and 2.4 GHz bands has been performed. A novel model of the PD impulsive noise 

sequence is proposed. The individual impulsive event is modeled by the sinc function for 

the frequency spectrum analysis and the influence of the sinc-like impulsive noise on 

ZigBee systems is assessed. In conclusion, simulation results verify the advantage of 

operating at 2.4 GHz over 915 MHz in harsh impulsive noise environments. However, 

this also points to the possible utilization of the 915 MHz band for the detection of close 

vicinity high voltage equipment failure (i.e. a high BER can indicate an equipment 

dielectric failure in close proximity to the sensor node) while allowing for concurrent 

telemetry data collection by unaffected sensor nodes. 
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Chapter 4  Time Domain Impulsive Noise Estimation and Mitigation for 

ZigBee Communication Systems 

4.1  Introduction 

In Chapter 3, the performance of 915 MHz and 2.4 GHz band ZigBee systems in an 

impulsive noise environment based on the measurements in electricity substations is 

assessed. Both theoretical and simulation results demonstrate the better impulsive noise 

resistance of the 2.4 GHz band ZigBee. Furthermore, as previously discussed, ZigBee-

based WSNs have also been utilized in home automation, medical data collecting, and 

industrial monitoring due to its low power consumption and low cost characteristics [10, 

12, 14]. However in these environments, impulsive noise events could also be generated 

by the power transmission lines, vehicle igniting, high voltage switching, and PD process 

[18-20]. Therefore, the deployment of 2.4 GHz band ZigBee WSNs in these scenarios is 

still challenged by the presence of impulsive noise. Therefore, in this chapter, we focus 

on improving the performance of the 2.4 GHz band ZigBee wireless communications in 

impulsive noise environments. 

Impulsive noise mitigation has been previously addressed in the multicarrier 

communication systems and power-line communication systems [17, 61]. For DSSS-

based communication systems, impulsive noise suppression schemes have also been 

previously proposed. In Lee’s research, a robust data acquisition approach was proposed 

utilizing the median filter to mitigate impulsive noise in DSSS systems [62]. However, 

when the size of the filter window is decreased and the occurrence rate of impulsive noise 
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is increased, the performance of the impulsive noise detection deteriorates. Xu compared 

the performance of the passband clipping (PBC) and baseband clipping approaches for 

the impulsive noise rejection in DSSS systems [25]. Both simulation and experimental 

results demonstrated that the PBC outperformed the baseband clipping method.  Silva 

developed a noise cancellation subsystem utilizing the Least Mean Square and Recursive 

Least Squares algorithm for Weiner Filtering [63].  The waveforms of filtered signal and 

unfiltered signal were compared to demonstrate the filter’s performance in terms of noise 

rejection. However, the system resistance to AWGN was not considered in his research. 

According to Blackard’s data collection, the measured amplitude of noise peaks could be 

several dB higher than various indoor wireless transmission signals located in the 918 

MHz, 2.44 GHz, and 4 GHz license-free bands which cover the major operating bands of 

ZigBee WSNs [21]. With this in mind, an impulsive noise detection and filtering process 

utilizing the time domain characteristics of impulsive noise is proposed in this chapter.  

The burst error correcting ability of the RS code was introduced and utilized for 

impulsive noise suppression in OFDM systems in previous chapters. In this chapter, the 

composite comparison value (CCV)-based filter is employed with time domain noise 

estimation and RS coding to detect and mitigate the impulsive noise in ZigBee systems. 

Numerical results show that the proposed impulsive noise suppression scheme improves 

the performance of 2.4 GHz band ZigBee systems. Furthermore, the performance of the 

proposed CCV filter with RS coding technique is compared with the conventional RS 

coding implemented alone in ZigBee systems. The comparison shows the advantage of 

our proposed CCV filter with RS coding for impulsive noise mitigation. 
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This chapter is organized as follows: in Section 4.2, the RS coded ZigBee (RS-

ZigBee) system and the impulsive noise model are introduced, and in Section 4.3, the 

implementation of our composite comparison value-based filter with time domain noise 

estimation and RS coding is described in details. Simulation and numerical results are 

presented in Section 4.4. 

4.2  ZigBee Systems with RS Coding and Impulsive Noise Model 

In this chapter, improving the impulsive noise performance of 2.4 GHz band ZigBee 

systems is our focus since it was previously demonstrated that the 2.4 GHz band ZigBee 

has better impulsive noise resistance when compared with the 915 MHz band.  

The burst error correction ability of the RS code is introduced in [28] indicating the 

RS decoder replaces the entire error-corrupted byte irrespective of the number of error bits. 

For an 𝑚-bit RS(𝑐, 𝑙) code, where 𝑙 is the number of data symbols to be coded and 𝑐 is the 

number of code symbols of each coding block, the code form can be defined by 

(𝑐, 𝑙) = (2𝑚 − 1, 2𝑚 − 2𝑡 − 1),                                     (4.1) 

where 𝑡 is the length of the correcting capability; thus the length of the parity symbols is 

2𝑡. In our system, the bit source of the signal to be transmitted is first RS coded before 

entering the ZigBee modulator and then is decoded at the receiver. The RS-ZigBee 

system with the proposed CCV filter is illustrated in Figure 4.1 where our proposed 

approach is inside the dotted line block. 
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Figure 4.1 RS coded ZigBee system with the CCV filter 

 

The impulsive noise in our research is represented by the following model referring to 

previous research [16]: 

 𝑖[𝑢] = 𝑏[𝑢]𝑔[𝑢],     𝑢 = 0,1, … , 𝑁 − 1,                              (4.2) 

where 𝑁 is the number of the noise sequence, 𝑢 is the sequence index, and 𝑔[𝑢] indicates 

the Gaussian process that has zero mean and 𝜎𝑔
2variance. 𝑏[𝑢] is a Bernoulli process that 

contains independently distributed zeros and ones. The ones in 𝑏[𝑢]  indicate the 

occurrence of the impulsive noise event. The rate between the number of ones and the 

length of the noise sequence defines the occurrence rate 𝑝 of the impulsive noise. The 

occurrence rate 𝑝 and the variance parameters can be altered to facilitate noise strength. In 

this research, the occurrence rate is experimentally set to 1% and 5%, and the variance 𝜎𝑔
2 

is varied in order to achieve the desired SNR. The SNR is given by: 
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𝑆𝑁𝑅 = 10 log10

∑
𝑁−1

𝑢=0
𝑞2[𝑢]

∑
𝑁−1

𝑢=0
𝑛2[𝑢]

 ,                                       (4.3) 

where 𝑞[𝑢] is the transmitted signal. 𝑛[𝑢] is the entire channel noise component expressed 

by 

𝑛[𝑢] = 𝑖[𝑢] + 𝑤[𝑢] ,                                                (4.4) 

where 𝑤[𝑢]  is the AWGN in the channel. Assuming 𝑖[𝑢]  and 𝑤[𝑢]  are independent, 

substitution of (4.4) into (4.3) yields the identical result shown in (2.7).  

4.3 The Proposed Filtering Scheme 

In this section, our CCV time domain filter is proposed to provide an additional 

improvement to impulsive noise resistance of ZigBee systems. The noise filtering process 

is split into two stages: the first stage is the time domain noise estimation process 

followed by the second stage, the impulsive noise cancellation process. It should be noted 

that the channel response is considered to be ideal given that our focus is on noise effects 

only. 

4.3.1  Noise Estimation 

In Figure 4.1, the RF signal 𝑇[𝑢] is represented as: 

𝑡[𝑢] = 𝑞[𝑢] + 𝑤[𝑢] + 𝑖[𝑢],   0 ≤ 𝑢 ≤ 𝑁 − 1,                        (4.5) 

where  𝑞[𝑢] is the output of the O-QPSK modulator. Our main goal is to detect and 

remove the impulsive noise component 𝑖[𝑢] from the received signal 𝑡[𝑢]. To do this, we 

demodulate 𝑞[𝑢] and then re-modulate this result using the O-QPSK modulation to form 
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the estimation of 𝑞[𝑢], which is represented as 𝑞′[𝑢]. Although errors in 𝑞′[𝑢] still exist, 

the re-modulation process enhances the ability to accurately estimate the impulsive noise 

amplitude and location with further processing. The total noise component estimation 

𝑛′[𝑢]  is then obtained as: 

𝑛′[𝑢] =  𝑡[𝑢] −  𝑞′[𝑢].                                            (4.6) 

This term will then be processed to formulate an estimation of the impulsive noise 

component to be excised from the received signal. 

4.3.2  Impulsive Noise Mitigation 

As discussed in Section 4.2, the impulsive noise occurrence rate 𝑝 is fixed to constant 

values, and the variance 𝜎𝑔
2 is varied in order to obtain the desired SNR. In the case of a 

large SNR, the amplitude of impulsive noise does not greatly differ from the RF signal 

𝑞[𝑢]. Assuming a reasonable level of AWGN, the impulsive noise event is assumed to be 

still detectable. In this case, once the noise component 𝑛′[𝑢] is estimated as shown in 

(4.6), the CCV filtering process is performed on 𝑛′[𝑢]  which attempts to detect and 

remove the impulsive noise component 𝑖[𝑢].  

The CCV filtering process is previously introduced in Chapter 2 for impulsive noise 

suppression in OFDM systems. In this chapter, the application of the CCV filter in ZigBee 

systems is briefly described. With the random sampling process, the locator sequence 

which is used to obtain the mean CCV is generated from the estimated noise 𝑛′[𝑢] and 

denoted by 𝑛′𝛿[𝑓] . For each locator in 𝑛′𝛿[𝑓] , the corresponding CCV 𝑉[𝑓]  can be 

obtained with the windowing process. After calculating the mean CCV �̅� from the set of 
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𝑉[𝑓], the CCV acquiring process for each  𝑛′[𝑢] is then performed. The resulting CCV 

corresponding to 𝑛′[𝑢]  is represented as 𝑉𝑛′[𝑢] . After 𝑉𝑛′[𝑢]  and �̅�  are obtained, the 

impulsive noise detection scheme is given as follows: 

Step 1: if  |𝑛′[𝑢]| < mean|𝑛′𝛿[𝑓]|, 𝑛
′[𝑢] is not considered as  impulsive noise, and is 

recorded by marking 𝑖′[𝑢] = 0, where 𝑖′[𝑢] is the estimated impulsive noise sequence. 

Otherwise, the detection process moves to Step 2. 

Step 2: since in this step, |𝑛′[𝑢]| ≥ mean|𝑛′𝛿[𝑓]|, 𝑛
′[𝑢] is classified as either impulsive 

noise or not by the following condition: 

𝑖′[𝑢] = {
𝑛′[𝑢], if 𝑉𝑛′[𝑢] ≥ �̅�

0,        otherwise
.                                          (4.7) 

Hence, the estimation of the impulsive noise is completed and then removed from the 

received RF signal, that is, 

𝑡′[𝑢] = 𝑡[𝑢] − 𝑖′[𝑢].                                           (4.8) 

Following the O-QPSK demodulation, pulse de-shaping, DSSS decoding and RS 

decoding, the received signal 𝑥′[𝑛] is obtained as shown in Figure 4.1.  

Figure 4.2 shows an example of a received RF signal 𝑇[𝑢] with the noise condition of 

SNR=4 dB and impulsive noise occurrence rate 𝑝 = 5%. The estimation of the entire 

noise sequence with the corresponding CCV, the detected impulsive noise, and the 

impulsive noise added in the channel are illustrated in Figure 4.3, Figure 4.4, and Figure 

4.5, respectively. As shown in Figure 4.4 the detected impulsive noise provides a 

reasonable facsimile to that shown in Figure 4.5 and thus BER improvements should be 

expected. 
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Figure 4.2 Received RF signal 𝑻[𝒖] 

 

Figure 4.3 Estimation of the entire noise sequence 𝒏′[𝒖] and the corresponding CCV 
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Figure 4.4 Detected impulsive noise 𝒊′[𝒖] by the CCV filter 

 

Figure 4.5 Impulsive noise 𝒊[𝒖] added in the channel 
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4.4  Numerical Results 

In order to evaluate the performance of our proposed filtering system, several 

simulation tests were performed using MATLAB. The simulation diagram using the RS 

encoder and CCV filter is shown in Figure 4.1. The simulated ZigBee PHY follows IEEE 

802.15.4 standard which comes with the symbol-to-chip mapping and 2.4 GHz carrier of 

the O-QPSK RF modulation. In these simulation results, a sequence of 15200 random bits 

is generated as the source of message which is represented as 𝑥[𝑛] in Figure 4.1. Also, 

since impulsive noise suppression is the primary focus of our work, the SAR is reasonably 

fixed to 10dB, and the impulsive noise variance 𝜎𝑔
2 is varied to achieve the desired SNR. 

Two case studies are presented where the occurrence rate of the impulsive noise is varied 

from 1% to 5%. A (31, 19) RS encoder is employed which is experimentally 

corresponding to the assumed characteristics of additive channel noise component. Every 

four bits of 𝑥[𝑛] are converted into one integer symbol and every 19 symbols are grouped 

for the previously indicated RS coding process that follows. For our proposed CCV filter, 

based on the experimental results, the random sampling rate 𝑟 and window width 2𝑤 + 1 

are reasonably set to 10% and 41, respectively.  

Based on the above settings, the BER performances of the conventional ZigBee, RS-

ZigBee, CCV filtered ZigBee (CCV-ZigBee), and RS-ZigBee with CCV filter (RSCCV-

ZigBee) are compared. Two cases with an occurrence rate 𝑝 = 1%   and 𝑝 = 5%  are 

investigated, and the BER results are shown in Figure 4.6 and Figure 4.7, respectively. As 

one can see, with 𝑝 = 1% and 5%, the performance of the RS coding is limited. With 

both occurrence rates, the CCV-ZigBee has better impulsive noise resistance compared to 

the conventional ZigBee system. Overall, the proposed RSCCV-ZigBee consistently has 
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the best noise performance when the system is interfered by the impulsive noise, even in a 

severe impulsive noise environment which is when 𝑝 = 5%. 

 

 

Figure 4.6 BER performances of the ZigBee, RS-ZigBee, CCV-ZigBee, and RSCCV-ZigBee (𝒑 = 𝟏%) 
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Figure 4.7 BER performances of the ZigBee, RS-ZigBee, CCV-ZigBee, and RSCCV-ZigBee (𝒑 = 𝟓%) 

 

4.5  Conclusion 

A RS coded ZigBee with the aid of the proposed CCV filter is described in this 

chapter for the impulsive noise suppression. The CCV filtering system focuses on the 

time domain characteristics of impulsive noise and includes two stages: time domain 

noise estimation and impulsive nose cancellation. Numerical simulations based on IEEE 

802.15.4 standard were performed in order to evaluate the noise resistance of our 

proposed approach. Compared with the conventional ZigBee system and RS coded 

ZigBee system, RSCCV-ZigBee provides additional system performance gain with 

respect to BER vs. SNR.  
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Chapter 5  Impulsive Noise Rejection for ZigBee Communication 

Systems based on Frequency Multiresolution Analysis 

5.1  Introduction 

In Chapter 4, we propose a CCV filter-based impulsive noise suppression approach 

based on the time domain characteristics of impulsive noise. Another notable 

characteristic of impulsive noise is its wide band spectrum that can reach up to several 

GHz. Therefore, in this chapter, we focus on the frequency domain features of impulsive 

noise. From previous research work, impulsive noise was found to degrade the 

communication quality of ZigBee sensors due to its wide band spectrum and high-energy 

content within a short time duration [9, 48, 64]. It was shown that the impulsive noise 

contains significant energy at frequencies up to 3 GHz [22]. However, the latest report 

even indicated that the impulsive noise event can be found in frequencies up to 7 GHz 

[64]. This circumstance may cause notable spectrum distortion on ZigBee wireless 

transmission which is typically operated with carrier frequency of less than 2.5 GHz [31]. 

Therefore, in this chapter, we propose an impulsive noise rejection approach in frequency 

domain which improves the mean squared error (MSE) of the received ZigBee signal 

corrupted by impulsive noise. 

In the frequency domain, Hussien managed channel interference, including AWGN, 

flicker noise, impulsive noise, 5MHz offset ADCI, and 10 MHz offset ALCI, using an 

LPF for a 2.4 GHz band ZigBee transceiver [27]. In this work, it was found that an 

increased LPF bandwidth allows more interference noise to be down converted into the 
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baseband, whereas a smaller bandwidth generates more distortion on the demodulated 

signal. That said a detailed analysis using a more formal approach for determining the 

LPF bandwidth was not presented. 

Within our research scope, our primary focus is the impulsive noise rejection in 2.4 

GHz band ZigBee systems, which have better impulsive noise resistance compared with 

the 915 MHz band. Due to the wide bandwidth nature of impulsive noise, a filter 

bandwidth improvement can be employed to remove the significant out-of-band spectrum 

content while balancing the residual effects of filter distortion. In this chapter, we first 

discuss the O-QPSK demodulation performance and the bandwidth/distortion trade-off of 

a pre-detection LPF used within the ZigBee receiver. A novel wavelet filtering-based 

scheme to limit the bandwidth of the O-QPSK demodulator output is also proposed for 

the purpose of improving the quality of the baseband decoding procedure and overall 

system BER performance.   

The remainder of this chapter is described as follows. In Section 5.2, discussions on 

the characteristics of impulsive noise and its impact on ZigBee systems are described. In 

Section 5.3, the effect of the LPF introduced within the symbol detector is analyzed. 

Based on the bandwidth improvement analysis, our low pass Error-Balanced Wavelet 

(EB-Wavelet) filtering is proposed in Section 5.3. Finally, in Section 5.4, several 

simulations using MATLAB are presented.  

5.2  Characteristics of Additive Impulsive Noise in ZigBee Systems 

To ensure the quality of communication, IEEE 802.15.4 defines the required packet 

error rate (PER) as a maximum value of 1%. It is reported that severe impulsive noise 
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added in the channel can easily exceed this maximum PER and may even cause network 

termination [9].  

5.2.1  Analysis of Impulsive Noise in ZigBee Systems 

The system architectures of the 2.4 GHz band ZigBee transmitter and receiver are 

respectively illustrated in Figure 1.4 and 1.5 where both AWGN 𝑤(𝑡) and impulsive 

noise 𝑖(𝑡) are considered as the channel noise. However, as the impact of impulsive noise 

is our main focus, the power of 𝑤(𝑡) is fixed to a small level, and the power of 𝑖(𝑡) is 

varied in order to achieve various channel SNR scenarios. 

To model the features of channel additive impulsive noise which include the 

extremely short event duration and high-energy component compared with conventional 

AWGN, the Bernoulli-Gaussian process is utilized in this research and is represented as: 

𝑖(𝑡) = 𝑏(𝑡) ∙ 𝑔(𝑡) ,                                               (5.1) 

where 𝑏(𝑡)  is a binary Bernoulli process and 𝑔(𝑡)  is a zero-mean Gaussian process 

representing the random occurrence and  amplitude of the impulsive noise event, 

respectively [16]. The PDF 𝑓𝐵(𝑏) of 𝑏(𝑡) is given as: 

𝑓𝐵(𝑏) = {
𝑝,          if 𝑏 = 1
1 − 𝑝, if 𝑏 = 0

  .                                        (5.2) 

When 𝑏 = 1 an impulsive noise event has occurred, and therefore in this case, 𝑝 is the 

occurrence rate of the impulsive noise. 

For the rest of this chapter, E[∙] denotes the expectation operator and Var[∙] denotes 

the variance operator. The expectation and variance of 𝑏(𝑡) is obtained as: 
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{

E[𝑏(𝑡)] = 0 ∙ (1 − 𝑝) + 1 ∙ 𝑝 = 𝑝         

E[𝑏2(𝑡)] = 02 ∙ (1 − 𝑝) + 12 ∙ 𝑝 = 𝑝   

𝜎𝑏
2 = E[𝑏2(𝑡)] − E2[𝑏(𝑡)] = 𝑝(1 − 𝑝)

,                             (5.3) 

where 𝜎𝑏
2 is the variance of 𝑏(𝑡). For 𝑔(𝑡), the expectation is given by  E[𝑔(𝑡)] = 0 and 

the variance is expressed by 𝜎𝑔
2. Therefore for 𝑖(𝑡), we have 

E[𝑖(𝑡)] = E[𝑏(𝑡)𝑔(𝑡)] = E[𝑏(𝑡)]E[𝑔(𝑡)] = 𝑝 ∙ 0 = 0,                   (5.4)                                             

assuming 𝑏(𝑡) and 𝑔(𝑡) are independent. The variance 𝜎𝑖
2 of 𝑖(𝑡) is then obtained as  

𝜎𝑖
2 = Var[𝑏(𝑡)𝑔(𝑡)] = E2[𝑔(𝑡)]𝜎𝑏

2+E2[𝑏(𝑡)]𝜎𝑔
2 + 𝜎𝑏

2𝜎𝑔
2 

      = 02 ∙ 𝑝(1 − 𝑝) + 𝑝2𝜎𝑔
2 + 𝑝(1 − 𝑝)𝜎𝑔

2 = 𝑝𝜎𝑔
2.                             (5.5)                                  

𝑔(𝑡) is assumed to be an AWGN process where the PSD is 𝑆𝑔(𝑓) = 𝑁0 2⁄ . The 

corresponding autocorrelation function is 𝑅𝑔(𝜏) = 𝑁0𝛿(𝜏) 2⁄  where 𝛿(𝜏)  is the Dirac 

Delta function. For a digital system with a sampling rate, 𝑓𝑠, the received power PW𝑔 of 

𝑔(𝑡) is assumed to be band-limited, that is,  

PW𝑔 = ∫ 𝑆𝑔(𝑓)𝑑𝑓 = 𝑁0𝑓𝑠/2
𝑓𝑠 2⁄

−𝑓𝑠 2⁄
= 𝜎𝑔

2.                             (5.6) 

Referring to (5.3), the autocorrelation function  𝑅𝑏(𝜏) and the power PW𝑏  of 𝑏(𝑡) are 

represented as 

{
𝑅𝑏(𝜏) = E[𝑏(𝑡)𝑏(𝑡 − 𝜏)] = {

𝑝2, 𝜏 ≠ 0
𝑝, 𝜏 = 0

PW𝑏 = 𝑅𝑏(0) = 𝑝                                    

.                             (5.7) 

Given 𝑝 < 1 , we can assume 𝑝2 ≪ 𝑝. According to the representation of 𝑅𝑏(𝜏) in (5.7), 

we can reasonably consider the PSD 𝑆𝑏(𝑓) of 𝑏(𝑡) to be approximately flat within the 

corresponding BW based on 𝑓𝑠. Therefore, 𝑆𝑏(𝑓) is calculated as  
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{
PW𝑏 = 𝑝 = ∫ 𝑆𝑏(𝑓)𝑑𝑓 = 𝑆𝑏(𝑓)

𝑓𝑠 2⁄

−𝑓𝑠 2⁄
𝑓𝑠

𝑆𝑏(𝑓) = 𝑝 𝑓𝑠⁄                                              
.                             (5.8) 

For 𝑖(𝑡), we have the autocorrelation 𝑅𝑖(𝜏) by  

      𝑅𝑖(𝜏) = E[𝑖(𝑡)𝑖(𝑡 − 𝜏)] = E[𝑏(𝑡)𝑔(𝑡)𝑏(𝑡 − 𝜏)𝑔(𝑡 − 𝜏)]  

= E[𝑏(𝑡)𝑏(𝑡 − 𝜏)]E[𝑔(𝑡)𝑔(𝑡 − 𝜏)] = 𝑅𝑏(𝜏)𝑅𝑔(𝜏) = 𝑝𝑁0𝛿(𝜏)/2.    (5.9) 

Thus the PSD 𝑆𝑖(𝑓) of 𝑖(𝑡) is  

𝑆𝑖(𝑓) = 𝑝𝑁0/2.                                                (5.10) 

Likewise the power PW𝑖 of 𝑖(𝑡) is then expressed as 

PW𝑖 = ∫ 𝑆𝑖(𝑓)𝑑𝑓 = 𝑝𝑁0𝑓𝑠/2
𝑓𝑠 2⁄

−𝑓𝑠 2⁄
= 𝜎𝑖

2.                               (5.11) 

It can be seen from (5.11), PW𝑖 is a function of  𝑝 and 𝑁0 given a fixed 𝑓𝑠. Varying  𝑁0 

and holding the occurrence rate 𝑝  of the impulsive noise constant is one option to 

represent various levels of the impulsive noise power. Our research follows this 

arrangement to achieve various channel SNR conditions. As a reference for the following 

sections of this chapter, the characteristics of 𝑏(𝑡) , 𝑔(𝑡)  and 𝑖(𝑡)  are summarized in 

Table 5.1.  

 

Table 5.1 Characteristics of impulsive noise 

 𝒃(𝒕) 𝒈(𝒕) 𝒊(𝒕) 
Expectation 𝑝 𝑁0𝑓𝑠/2 𝑝𝑁0𝑓𝑠/2 

Variance 𝑝(1 − 𝑝) 𝑁0𝑓𝑠/2 𝑝𝑁0𝑓𝑠/2 

Autocorrelation 
{
𝑝2, 𝜏 ≠ 0
𝑝, 𝜏 = 0

 
𝑁0𝛿(𝜏) 2⁄  𝑝𝑁0𝛿(𝜏)/2 

PSD 𝑝 𝑓𝑠⁄  𝑁0/2 𝑝𝑁0/2 

Power 𝑝 𝑁0𝑓𝑠/2 𝑝𝑁0𝑓𝑠/2 
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5.2.2  Performance of ZigBee Systems with Impulsive Noise 

As shown in Figure 1.4, 𝑥𝐼(𝑡)  and 𝑥𝑄(𝑡)  are the polar nonreturn-to-zero (NRZ) 

signal transmitted in the in-phase and quadrature sub-channels, respectively. 𝑥𝐼(𝑡) and 

𝑥𝑄(𝑡) are then processed by the required pulse shaping and represented as 𝑥𝐼,s(𝑡) and 

𝑥𝑄,s(𝑡), respectively. Therefore, we have the RF modulated signal 𝑦(𝑡) as 

𝑦(𝑡) = 𝐴𝑐(𝑥𝐼,s(𝑡)cos2π𝑓𝑐 + 𝑥𝑄,s(𝑡)sin2π𝑓𝑐),                        (5.12) 

where 𝐴𝑐 and 𝑓𝑐  are the amplitude and frequency of the carrier, respectively. With the 

additive impulsive noise, 𝑖(𝑡), we have  

𝑟𝑖(𝑡) = 𝑦(𝑡) + 𝑖(𝑡),                                               (5.13) 

where 𝑟𝑖(𝑡) is the received signal interfered by 𝑖(𝑡). We assume the relevant coherent 

detection is without phase error distortion, and the demodulated sub-channel signal 𝑧𝑎(𝑡) 

and 𝑧𝑏(𝑡) processed by the pulse de-shaping fully pass the LPF with the 0 dB in-band 

gain. The received in-phase signal 𝑧𝐼(𝑡) shown in Figure 1.5 is then obtained as 

𝑧𝐼(𝑡) = 𝑥𝐼,𝐴(𝑡) + 𝑖𝐿,𝑚(𝑡),                                      (5.14)  

with  

{
𝑥𝐼,𝐴(𝑡) = 𝐴𝑐𝑥𝐼(𝑡)          

𝑖𝑚(𝑡) = 2𝑖(𝑡)cos2π𝑓𝑐𝑡 
 ,                                    (5.15) 

and  

𝑖𝐿,𝑚(𝑡) = LPF|𝑖𝑚(𝑡)|,                                         (5.16) 

where LPF|∙| denotes the linear filtering process of the LPF with the cutoff frequency 

𝐵LPF. 
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The effect of the pulse de-shaping operated on 𝑖𝑚(𝑡) is ignored since the out-of-band 

component with the significant de-shaping gain is later removed by the LPF. Using 

(5.14), (5.15), and (5.16), the output 𝐷 of the in-phase sub-channel integrator is   

𝐷 = ∫ [𝑥𝐼,𝐴(𝑡) + 𝑖𝐿,𝑚(𝑡)]
𝑇symbol

0
𝑑𝑡 = ±𝐴𝑐𝑇symbol + 𝑀,                (5.17) 

where 𝑇symbol is the O-QPSK symbol duration and  

𝑀 = ∫ 𝑖𝐿,𝑚(𝑡)
𝑇symbol

0
𝑑𝑡.                                         (5.18) 

The PDF 𝑓𝐼(𝑖) of 𝑖(𝑡) is given as [16] 

𝑓𝐼(𝑖) = (1 − 𝑝)𝛿(𝑖) + 𝑝𝑓𝑔(𝑖),                                    (5.19) 

 

where 𝑓𝑔(𝑖) is  

𝑓𝑔(𝑖) =
1

𝜎𝑔√2π
exp [−

𝑖2

2𝜎𝑔
2].                                    (5.20) 

It can be seen from (5.19), Term 1 describes the absence of the impulsive noise in 𝑏(𝑡) 

due to the property of 𝛿(𝑖), and Term 2 is Gaussian distributed with the factor 𝑝. Hence 

to evaluate the performance of O-QPSK, 𝑖(𝑡) can be approximated as a Gaussian process 

and the probability of error (PE) 𝑃𝑒,𝑖,OQPSK in the presence of LPF and 𝑖(𝑡) is derived in 

Appendix B and is represented as 

𝑃𝑒,𝑖,OQPSK = 𝑄

(

 
 𝐴𝑐𝑇symbol

√𝑝𝑁0(𝑇symbol− 
(1−cos2π𝐵LPF𝑇symbol)

2π𝐵LPF
)

)

 
 

 ,            (5.21)                                            

where 𝑄(∙) is the Q-function operator. Based on this analysis, the PE 𝑃e,𝑤,OQPSK resulting 

from AWGN 𝑤(𝑡) can be simply expressed as  

 

Term 1 

 

Term 2 
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𝑃𝑒,𝑤,OQPSK = 𝑄

(

 
 𝐴𝑐𝑇symbol

√𝑁0,𝑤(𝑇symbol− 
(1−cos2π𝐵LPF𝑇symbol)

2π𝐵LPF
)

)

 
 

,          (5.22)                                                       

where 𝑁0,𝑤 2⁄  is defined as the PSD of 𝑤(𝑡).  

Given the received signal 𝑟(𝑡) expressed as  

𝑟(𝑡) = 𝑦(𝑡) + 𝑖(𝑡) +  𝑤(𝑡),                                       (5.23) 

and since 𝑖(𝑡)  and 𝑤(𝑡)  are assumed to be independent, the system PE 𝑃e,OQPSK  is 

therefore given as  

𝑃𝑒,OQPSK = 𝑃𝑒,𝑖,OQPSK + 𝑃𝑒,𝑤,OQPSK .                                (5.24)                      

Assuming 𝑖(𝑡) is the dominant source of noise,  

𝑃𝑒,OQPSK ≈ 𝑃𝑒,𝑖,OQPSK .                                          (5.25) 

With the DSSS decoding performed on 𝑥 (𝑡) in Figure 1.5, the system performance is 

improved by the error correcting ability of the chip-to-symbol conversion [65]. Given by 

IEEE 802.15.4, the maximum and minimum codeword distance for the 2.4 GHz band 

ZigBee PHY is 20 and 12, respectively, and by using a Maximum Likelihood decoding 

algorithm, the error correcting capability is 5 [28]. The PE of the DSSS decoding process 

is then obtained as 

𝑃𝑒,DSSS = ∑
32

𝑖=6
(32

6
)(1 − 𝑃𝑒,OQPSK)

32−𝑖
𝑃𝑒,OQPSK

𝑖  ,                   (5.26)                                                 

where 

 (𝑗
𝑖
) =

𝑗!

𝑖!(𝑗−𝑖)!
  .                                             (5.27) 
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Given a small 𝑃𝑒,OQPSK, 𝑃𝑒,DSSS can be approximately expressed using only the first term 

of the summation that is 

 𝑃𝑒,DSSS ≈
32!

6!26!
(1 − 𝑃𝑒,OQPSK)

26
𝑃𝑒,OQPSK

6  .                       (5.28)                                                                

Based on the maximum codeword distance, the BER result 𝐵𝐸𝑅ZigBee of the 2.4 GHz 

band ZigBee is represented as  

𝐵𝐸𝑅ZigBee ≈
5 × 32!

8 × 6! 26!
(1 − 𝑃𝑒,OQPSK)

26
𝑃𝑒,OQPSK

6  

= 566370(1 − 𝑃𝑒,OQPSK)
26

𝑃𝑒,OQPSK
6  .                      (5.29) 

5.3  Improving the Performance of O-QPSK Demodulation 

   From (B.3), it can be seen that the variance 𝜎𝑖𝐿,𝑚

2  of 𝑖𝐿,𝑚(𝑡) can be obtained as  

𝜎𝑖𝐿,𝑚

2 = ∫ 𝑆𝑖𝐿,𝑚
(𝑓)𝑑𝑓

𝐵LPF

−𝐵LPF
= 2𝐵LPF𝑝𝑁0.                             (5.30) 

Considering (5.21), (5.25), (5.29), and (5.30), it is found that the noise-limiting 𝐵LPF 

suppresses the power of 𝑖𝐿,𝑚(𝑡)  and can theoretically improve the BER performance. 

However, this result is based on the condition that the LPF balances filtering distortion on 

the demodulated baseband signal and its noise rejection properties. Excessively limiting 

𝐵LPF in order to limit noise will significantly distort the baseband signal in both of the 

parallel O-QPSK sub-channels. In this regard, the effects of this band limiting operation 

on the input signal prior to the demodulation integrator is described. This is followed by 

our proposed impulsive noise filtering scheme based on the multiresolution property of 

discrete wavelet transform to perform the needed low pass filtering operation. 
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5.3.1  Mean Squared Error Improvement 

 As shown in Figure 1.5, 𝑧𝐼(𝑡) is the input of the in-phase sub-channel integrator. 

The PSD 𝑆𝑥𝐼,𝐴
(𝑓) of 𝑥𝐼,𝐴(𝑡) is represented as [28] 

𝑆𝑥𝐼,𝐴
(𝑓) = 𝐴𝑐

2𝑇symbolsinc
2(𝑇symbol𝑓).                            (5.31) 

According to (5.14), (5.31), and (B.3), 𝑆𝑥𝐼,𝐴
(𝑓)  shown with the PSD of 𝑖𝐿,𝑚(𝑡)  is 

illustrated in Figure 5.1. All magnitudes are normalized with respect to the peak value of  

𝑆𝑥𝐼,𝐴
(𝑓). 
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Due to the 5 MHz offset of the ADCI and 1.5 MHz bandwidth of 𝑥𝐼,𝐴(𝑡) required by 
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IEEE 802.15.4, 𝐵LPF  is initially set to 2 𝑇symbol⁄  equal to 2 MHz. This initial 

arrangement ensures 𝑥𝐼,𝐴(𝑡) filtered by the LPF is fairly undistorted and both ADCI and 

ALCI are rejected. To introduce significant levels of impulsive noise, 𝑆𝑖𝐿,𝑚
(𝑓)  is set to 

be greater than the first side lobe of 𝑆𝑥𝐼,𝐴
(𝑓). Two regions of the frequency spectrum 

within the range of 𝐵LPF are assigned as the Region A and B and illustrated in Figure 5.1 

where the border frequency 𝑓𝑟𝑏 is defined as 𝑆𝑥𝐼,𝐴
(𝑓𝑟𝑏) = 𝑆𝑖𝐿,𝑚

(𝑓).  

An LPF with the cutoff frequency located in the Region A is denoted as LPF𝐴. The 

MSE, MSE𝐴, between 𝑥𝐼,𝐴(𝑡) and the LPF𝐴 filtered 𝑧𝐼(𝑡) thus can be represented as 

MSE𝐴 = E [(𝜇𝐼,𝐴(𝑡) + 𝑖𝐴,𝑚(𝑡))
2
] = E[𝜇𝐼,𝐴

2 (𝑡) + 2𝜇𝐼,𝐴(𝑡)𝑖𝐴,𝑚(𝑡) + 𝑖𝐴,𝑚
2 (𝑡)] 

= E[𝜇𝐼,𝐴
2 (𝑡)] + E[𝑖𝐴,𝑚

2 (𝑡)] + 2E[𝜇𝐼,𝐴(𝑡)𝑖𝐴,𝑚(𝑡)],                       (5.32)   

where 𝜇𝐼,𝐴(𝑡) is the distortion term due to the application of a non-ideal LPF and 𝑖𝐴,𝑚(𝑡) 

is the result of the linear filtering operation on 𝑖𝑚(𝑡). 𝜇𝐼,𝐴(𝑡) and 𝑖𝐴,𝑚(𝑡) are assumed to 

be independent, thus (5.32) can be rewritten as 

MSE𝐴 = E[𝜇𝐼,𝐴
2 (𝑡)] + Var[𝑖𝐴,𝑚(𝑡)].                                (5.33) 

Substituting (5.31) and (B.3) into (5.33), (5.33) can be expanded to  

MSE𝐴 = 2∫ 𝑆𝑥𝐼,𝐴
(𝑓)

2

𝑇symbol

𝐵LPF,𝐴
𝑑𝑓 + 2∫ 𝑆𝑖𝐿,𝑚

(𝑓)
𝐵LPF,𝐴

0
𝑑𝑓 ,             (5.34)                               

where 𝐵LPF,𝐴 is the cutoff frequency of LPF𝐴 and 𝑓𝑟𝑏 < 𝐵LPF,𝐴 < 2 𝑇symbol⁄ .  

An LPF with the cutoff frequency located in the Region B is denoted as LPF𝐵 and 

𝐵LPF,𝐵 is its respective cutoff frequency. The MSE, when the cutoff frequency of the LPF 

is equal to 𝑓𝑟𝑏  and located in the Region B, is represented as MSE𝑟𝑏  and MSE𝐵 , 

respectively. According to (5.34), we have   
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{
 
 

 
 

MSE𝑟𝑏 = 2∫ 𝑆𝑥𝐼,𝐴
(𝑓)

2

𝑇symbol

𝑓𝑟𝑏
𝑑𝑓 + 2∫ 𝑆𝑖𝐿,𝑚

(𝑓)
𝑓𝑟𝑏

0
𝑑𝑓    

MSE𝐵 = 2∫ 𝑆𝑥𝐼,𝐴
(𝑓)

2

𝑇symbol

𝐵LPF,𝐵
𝑑𝑓 + 2∫ 𝑆𝑖𝐿,𝑚

(𝑓)
𝐵LPF,𝐵

0
𝑑𝑓    

,          (5.35) 

where 0 < 𝐵LPF,𝐵 < 𝑓𝑟𝑏.  

The MSE gain, 𝑀𝐺, is used to compare the MSE performance of MSE𝐴, MSE𝑟𝑏, and 

MSE𝐵, that is 

{
𝑀𝐺𝐴,𝑟𝑏 = MSE𝐴 − MSE𝑟𝑏

𝑀𝐺𝑟𝑏,𝐵 = MSE𝑟𝑏 − MSE𝐵
  ,                                     (5.36) 

and, therefore,  

{
𝑀𝐺𝐴,𝑟𝑏 = 2∫ (𝑆𝑖𝐿,𝑚

(𝑓) − 𝑆𝑥𝐼,𝐴
(𝑓))

𝐵LPF,𝐴

𝑓𝑟𝑏
𝑑𝑓 

𝑀𝐺𝑟𝑏,𝐵 = 2∫ (𝑆𝑖𝐿,𝑚
(𝑓) − 𝑆𝑥𝐼,𝐴

(𝑓))
𝑓𝑟𝑏

𝐵LPF,𝐵
𝑑𝑓

 .                    (5.37) 

Since  

{
𝑆𝑖𝐿,𝑚

(𝑓) > 𝑆𝑥𝐼,𝐴
(𝑓), when 𝑓𝑟𝑏 < 𝑓 <  𝐵LPF,𝐴

𝑆𝑖𝐿,𝑚
(𝑓) < 𝑆𝑥𝐼,𝐴

(𝑓), when 𝐵LPF,𝐵 < 𝑓 < 𝑓𝑟𝑏 
 ,                     (5.38) 

𝑀𝐺 becomes  

{
𝑀𝐺𝐴,𝑟𝑏 = 2∫ (𝑆𝑖𝐿,𝑚

(𝑓) − 𝑆𝑥𝐼,𝐴
(𝑓))

𝐵LPF,𝐴

𝑓𝑟𝑏
𝑑𝑓 > 0

𝑀𝐺𝑟𝑏,𝐵 = 2∫ (𝑆𝑖𝐿,𝑚
(𝑓) − 𝑆𝑥𝐼,𝐴

(𝑓))
𝑓𝑟𝑏

𝐵LPF,𝐵
𝑑𝑓 < 0

  .              (5.39)                                           

It can be seen from (5.39), when the cutoff frequency of the LPF is moved from the 

Region A to the border frequency 𝑓𝑟𝑏, the MSE is improved and when it is moved from 

𝑓𝑟𝑏  to the Region B, the MSE condition deteriorates. Therefore, the cutoff frequency 

𝑓MinMSE of the LPF corresponding to the minimal MSE is 𝑓MinMSE = 𝑓𝑟𝑏. Using (5.31) 

and (B.3), this intersection yields 

𝐴𝑐
2𝑇symbolsinc

2(𝑇symbol𝑓𝑟𝑏) = 𝑝𝑁0,                             (5.40) 
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and solving for frequency gives 

𝑓MinMSE = 𝑓𝑟𝑏 =
sinc−1(

1

𝐴𝑐
√

𝑝𝑁0
𝑇symbol

)

𝑇symbol
,                         (5.41) 

where  sinc−1 denotes the inverse sinc function. Based on this analysis, by continuously 

limiting the bandwidth of the LPF from  2 𝑇symbol⁄ , one can further improve system 

performance bounded by the conditions given by (5.39) and (5.41). 

5.3.2  The Proposed Error-Balanced Wavelet Filtering Scheme 

Given a constant 𝐴𝑐  and 𝑇symbol  in (5.41), 𝑓MinMSE  is a function of 𝑝𝑁0  only. 

However in a realistic O-QPSK demodulation system, 𝑆𝑖𝑚
(𝑓) is usually unknown and the 

cutoff frequency 𝑓MinMSE cannot be directly determined. Thus an Error-Balanced Wavelet 

(EB-Wavelet) filtering scheme is proposed for the determination of the cutoff frequency 

in order to improve the system performance. The proposed scheme utilizes the 

multiresolution analysis (MRA) of the discrete wavelet transform (DWT). 

The DWT includes two portions: the decomposition and reconstruction [66]. 

Considering a discrete noisy signal 𝑚[𝑡] where 𝑡 = 0, 1,⋯ ,𝑁 − 1, and 𝑁 is the power of 

two, the MRA of 𝑚[𝑡] using the DWT decomposition is given as 

 {

𝑎𝑗+1[𝑘] = ∑
+∞

𝑛=−∞
𝑎𝑗[𝑛]ℎ0[𝑛 − 2𝑘] = 𝑎𝑗[𝑘] ∗ ℎ̅0[2𝑘]

𝑑𝑗+1[𝑘] = ∑
+∞

𝑛=−∞
𝑎𝑗[𝑛]ℎ1[𝑛 − 2𝑘] = 𝑎𝑗[𝑘] ∗ ℎ̅1[2𝑘]

,                (5.42)                                              

where 𝑎𝑗+1[𝑘]  and 𝑑𝑗+1[𝑘]  are respectively the approximation coefficients and detail 

coefficients, ℎ̅[𝑘] = ℎ[−𝑘] ,  ∗  denotes the convolution, and the resolution level 𝑗 =

0, 1,⋯ , 𝑙𝑜𝑔2𝑁. For the purpose of reducing computational complexity, at the initial level 
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𝑗 = 0, the condition 𝑎0[𝑘] = 𝑚[𝑡] is employed. The filter impulse responses, ℎ0[𝑘] and 

ℎ1[𝑘], are the LPF and highpass filter (HPF) of DWT, respectively. However ℎ0[𝑘] and 

ℎ1[𝑘] are not independent and are related by 

{
ℎ1[𝑘] = (−1)𝑘ℎ0[1 − 𝑘]

𝐻1(𝑧) = −𝑧−1𝐻0(−𝑧−1)
 ,                                        (5.43) 

where 𝐻(𝑧) is the 𝑧-Transform of ℎ[𝑘]. MRA using the wavelet filter bank of ℎ0[𝑘] and 

ℎ1[𝑘]  divides signal into two frequency sub-bands at each resolution level while all 

information of signal is preserved. The coefficients 𝑎𝑗[𝑘]  and 𝑑𝑗[𝑘]  describe the 

approximation and detail information of 𝑚[𝑡] for a certain wavelet space corresponding 

to the resolution level 𝑗. Considering the downsampling process represented by the term 

[𝑛 − 2𝑘] in (5.42), at a certain resolution level 𝐽, the corresponding sampling rate is 

reduced by half compared with the lower level 𝐽 − 1. Hence the frequency range 𝐹𝑅 of 

MRA at the resolution level 𝐽 for ℎ0[𝑘] and ℎ1[𝑘] can be represented as 

{
𝐹𝑅ℎ0,𝐽 = [0,

𝑓𝑠

2𝐽+1]    

𝐹𝑅ℎ1,𝐽 = [
𝑓𝑠

2𝐽+1 ,
𝑓𝑠

2𝐽]  
.                                          (5.44) 

Figure 5.2 illustrates  𝐹𝑅ℎ0,𝑗 and 𝐹𝑅ℎ1,𝑗 at several adjacent resolution levels where the 

corresponding frequencies are normalized by the factor 𝑓𝑠. 
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Figure 5.2 MRA frequency ranges 

 

The DWT reconstruction iteration is expressed as 

𝑎𝑗[𝑘] = ∑
+∞

𝑛=−∞
𝑎𝑗+1[𝑛]ℎ0[𝑘 − 2𝑛] + ∑

+∞

𝑛=−∞
𝑑𝑗+1[𝑛]ℎ1[𝑘 − 2𝑛].       (5.45)                                           

Equations (5.44) and (5.45) suggest that managing 𝑎𝑗+1[𝑘]  and 𝑑𝑗+1[𝑘]  during the 

reconstruction iterations, it is possible to remove unwanted components within the 

corresponding frequency range and partially recover 𝑚[𝑡] for certain processing purpose. 

Given a resolution level 𝐽 and discarding 𝑑𝑗+1where 0 ≤ 𝑗 ≤ 𝐽 − 1 for the reconstruction 

of 𝑚[𝑡], the information within the frequency range of [0,
𝑓𝑠

2𝐽+1] is to be recovered. Such 
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an operation can be considered as a low pass filtering process where the cutoff frequency 

𝑓cutoff,w,J  is approximately equal to 
𝑓𝑠

2𝐽+1 . Given 𝑓MinMSE  in (5.41), the suggested 

resolution level 𝐽suggested corresponding to 𝑓MinMSE for impulsive noise suppression can 

be obtained as follows: 

1. Define the frequency difference function Δ𝑓𝑑(𝑗) for resolution level 𝑗 as 

Δ𝑓𝑑(𝑗) = |𝑓cutoff,w,j −
1

𝑇symbol
| , 𝑗 = 1,⋯ , 𝑙𝑜𝑔2𝑁.                      (5.46)                                                       

2. The minimal value ∆𝑓𝑑,min of  Δ𝑓𝑑(𝑗) is then determined as 

∆𝑓𝑑,min= min[Δ𝑓𝑑(𝑗)],                                             (5.47) 

where min[∙] indicates the minimal value acquiring operator. 

3. The suggested resolution level 𝐽suggested is obtained as 

  𝐽suggested = ∆𝑓𝑑
−1(∆𝑓𝑑,min),                                         (5.48) 

where ∆𝑓𝑑
−1  is the inverse function of Δ𝑓𝑑(𝑗) . The corresponding cutoff frequency 

𝑓cutoff,w,𝐽suggested
 of ℎ0[𝑘] at the suggested resolution level 𝐽suggested is thus represented 

as  

𝑓cutoff,w,𝐽suggested
=

𝑓𝑠

2
𝐽suggested+1  .                                  (5.49)  

After 𝐽suggested is determined, the wavelet low pass filtering process is performed on  

𝑧𝐼(𝑡) and 𝑧𝑄(𝑡) by discarding all the detail coefficients from resolution level  𝐽suggested to 

level 1, that is 

{
𝑧𝐼,𝑤𝑙,𝐽suggested

(𝑡) = wrecon𝑧𝐼,𝐴(𝐽suggested)

𝑧𝑄,𝑤𝑙,𝐽suggested
(𝑡) = wrecon𝑧𝑄,𝐴(𝐽suggested)

,                         (5.50)                                                            
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where wrecon𝑧𝐼,𝐴
(𝑗)  and wrecon𝑧𝑄,𝐴(𝑗)  represent the DWT reconstruction process 

shown in (5.45) for 𝑧𝐼(𝑡) and 𝑧𝑄(𝑡), respectively.  

As the ratio of the frequency range between two adjacent resolution levels 𝑗 and 

𝑗 + 1 is 
2𝑗+1

2𝑗 = 2, the frequency difference between 𝑓cutoff,w,𝐽suggested
 and  𝑓MinMSE should 

be considered. Based on the analysis given in Section 5.3.1, 𝑓cutoff,w,𝐽suggested
 may 

possibly reside in the Region A or Region B rather than exactly at 𝑓MinMSE. Therefore, 

the filter distortion and 𝑖𝐿,𝑚(𝑡) need to be further processed. To manage this, an error 

balancing operation is performed on both of the wavelet reconstruction results 

𝑧𝐼,𝑤𝑙,𝐽suggested
(𝑡) and 𝑧𝑄,𝑤𝑙,𝐽suggested

(𝑡). The EB-Wavelet filtering output is defined as 

follows 

𝑧𝐼,𝑤𝑙,Balanced(𝑡) = [

𝜆1

𝜆2

𝜆3

𝜆4

]

𝑇

×

[
 
 
 
 
𝑧𝐼,𝑤𝑙,𝐽suggested−1(𝑡)

𝑧𝐼,𝑤𝑙,𝐽suggested
(𝑡)    

𝑧𝐼,𝑤𝑙,𝐽suggested+1(𝑡)

𝑧𝐼,𝑤𝑙,𝐽suggested+2(𝑡)]
 
 
 
 

 ,                        (5.51)                                                              

where 𝑧𝐼,𝑤𝑙,Balanced(𝑡)  is the error-balanced result of 𝑧𝐼,𝑤𝑙,𝐽suggested
(𝑡) , 𝑇  denotes the 

matrix transpose, and the weighting matrix Λ is expressed as 

Λ = [𝜆1 𝜆2 𝜆3 𝜆4].                                          (5.52) 

Based on evaluations using MATLAB simulations, Λ is experimentally set to obtain the 

minimal MSE between 𝑧𝐼,𝑤𝑙,Balanced(𝑡) and 𝑥𝐼,𝐴(𝑡), that is  

 Λ = [
1

4.8

1.7

4.8

1.1

4.8

1

4.8
],                                          (5.53) 

where the sum of the weighting terms is normalized to 1. 
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5.4 Assessment by Simulations 

 

-90° 

Pulse 
De-shaping 

Integration &
Decision 
Making

Integration 
&

Decision 
Making

𝒓(𝒕) 

𝒛𝒂(𝒕) 

Delay 
Removal

2𝐜𝐨𝐬𝟐𝛑𝒇𝒄𝒕 

Pulse
De-shaping

𝒛𝒃(𝒕) 

EB-Wavelet
Filtering

EB-Wavelet
Filtering

𝒛𝑰,𝒘𝒍,𝐁𝐚𝐥𝐚𝐧𝐜𝐞𝐝(𝒕) 

𝒛𝑸,𝒘𝒍,𝐁𝐚𝐥𝐚𝐧𝐜𝐞𝐝(𝒕) 

 

Figure 5.3 O-QPSK demodulator with the EB-Wavelet filter 

 

In this section, several MATLAB simulations were performed in order to evaluate 

the performance of the proposed EB-Wavelet filtering approach for ZigBee systems. The 

specifications of the bit-to-symbol mapping, symbol-to-chip mapping, pulse shaping, and 

O-QPSK modulation follow IEEE 802.15.4 standard [58]. The O-QPSK carrier 

frequency 𝑓𝑐  is set to 2.4 GHz and the sampling rate 𝑓𝑠  is set to 4 times the carrier 

frequency. The proposed EB-wavelet filter is placed prior to the in-phase and quadrature 

sub-channel integrators as shown in Figure 5.3. Based on the setting of 𝑓𝑠 and 𝑇symbol, 

the suggested resolution level for the proposed EB-Wavelet filtering is obtained as 

𝐽suggested = 12. The variance of the 𝑔(𝑡) component in the impulsive noise model is 

used to set the power of the impulsive noise while the occurrence rate 𝑝 is held constant. 
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The SAR is fixed to 20 dB and the impulsive noise power is varied to provide the desired 

channel SNR. The channel response is assumed flat within the corresponding O-QPSK 

transmission bandwidth and AWGN and impulsive noise are the only sources of the 

channel interference.  

5.4.1  Selection of Wavelet Filter Type 

In the simulation, the performances of EB-Wavelet filters using different wavelets 

are compared. 𝑝 is set to 10% in order to test the impulsive noise rejection ability of 

various wavelets in a severe noise environment. The weighting matrix given in (5.53) is 

adopted for all the employed wavelets as it gives the best BER results based on 

simulation results. The BER results of ZigBee are shown in Figure 5.4. It can be found 

that EB-Wavelet filter using the haar wavelet has the best impulsive noise rejection 

capability when compared with other wavelet basis functions such as db4, bior2.2, and 

sym2. This is mostly due to the similar characteristics between the ℎ0[𝑘] of the haar filter 

bank and the polar NRZ signal transmitted in the parallel sub-channels of O-QPSK. 
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Figure 5.4 BER performances of EB-Wavelet filters using the haar, db4, bior2.2, and sym2 (𝒑 =

𝟏𝟎%) 

  

In the next simulation, the demodulated in-phase sub-channel signal 𝑧𝑎(𝑡) is filtered 

by the proposed EB-Wavelet filter with 𝐽suggested = 12 and an LPF with 1 MHz cutoff 

frequency denoted by 𝐿𝑃𝐹1 . The 1 MHz LPF was utilized by Hussien in his ZigBee 

transceiver design to obtain the best BER performance [27]. For our simulations, 𝐿𝑃𝐹1 

was implemented as a basic 3
rd

 order Butterworth FIR design and higher orders were 

found to provide limited gains in the system performance. The channel SNR and the 

occurrence rate 𝑝 of the impulsive noise is set to -20 dB and 10%, repectively. The 

-20 -19 -18 -17 -16 -15 -14 -13 -12
10

-6

10
-5

10
-4

10
-3

10
-2

10
-1

Channel SNR (dB)

Z
ig

B
e
e
 B

E
R

 

 

EB-Wavelet (haar)

EB-Wavelet (db4)

EB-Wavelet (bior2.2)

EB-Wavelet (sym2)

sym2

bior2.2 db4



 

85 

 

results are compared with the baseband signal 𝑥𝐼,𝐴(𝑡) of the in-phase sub-channel without 

any interference. The comparison is shown in Figure 5.5 and the effectiveness of our 

proposed filter in suppressing impulsive noise is clearly seen. The detector input signal 

fidelity is notably enhanced by the EB-Wavelet filter which should result in improved 

system performance. 

 

 

Figure 5.5 Comparison of the EB-Wavelet filtered signal and FIR LPF filtered signal (Channel SNR= 

-20 dB, 𝒑 = 𝟏𝟎%) 
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5.4.2  MSE Performance 

In this simulation, comparative MSEs were obtained by filtering 𝑧𝑎(𝑡) using the 1 

MHz LPF (𝐿𝑃𝐹1 ), EB-Wavelet filter, and an FIR LPF with the cutoff frequency 

corresponding to the minimal MSE given in (5.41) (𝐿𝑃𝐹MinMSE). 𝑝 is initially set to 1% 

and later increased to 10%  in order to facilitate a more severe impulsive noise 

environment. The MSE results are compared in Figure 5.6 and Figure 5.7. These results 

show the application of 𝐿𝑃𝐹MinMSE  results in greatest improvement in MSE at all 

evaluated SNR conditions. However, the cutoff frequency of 𝐿𝑃𝐹MinMSE  requires an 

estimate of the impulsive noise PSD which increases the complexity of the receiver 

design. The EB-Wavelet filter also provides a notable MSE improvement but is more 

convenient to implement as no noise estimation process is needed. 

 

 

Figure 5.6 MSE performances of the FIRs filtered and EB-Wavelet filtered in-phase sub-channel 

signal (𝒑 = 𝟏%) 
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Figure 5.7 MSE performances of the FIRs filtered and EB-Wavelet filtered in-phase sub-channel 

signal (𝒑 = 𝟏𝟎%) 

 

5.4.3  BER Performance 

In this simulation, the resulting BER performance of the O-QPSK demodulator with 

and without the EB-Wavelet filter is shown.  𝑝 is set to 1% and 10%, respectively. These 

results focus solely on the detection process without the added benefit of the DSSS error 

correction. As seen in Figure 5.8 and Figure 5.9, the O-QPSK demodulation with EB-

Wavelet offers the expected BER performance improvement given the MSE shown in the 

previous results. In the next simulation, the overall ZigBee BER performance is shown in 

Figure 5.10 and Figure 5.11. As expected, the EB-Wavelet filter consistently yields a 
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better BER performance when compared with 𝐿𝑃𝐹1. For example, to achieve the same 

BER 10−4 in the case of 𝑝 = 1%, the EB-Wavelet filter yields a 2 dB SNR  gain when 

compared with ZigBee filtered by 𝐿𝑃𝐹1. Similarly, for the case of 𝑝 = 10%, to achieve 

the same BER 10−1, the SNR gain is 3 dB when comparing the same filter. Overall, 

𝐿𝑃𝐹MinMSE provides the best BER performance but with the EB Wavelet filter providing 

almost the same level of performance at all SNR levels. 

 

 

Figure 5.8 BER performance of the O-QPSK demodulator with FIR LPFs and EB-Wavelet (𝒑 = 𝟏%) 
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Figure 5.9 BER performance of the O-QPSK demodulator with FIR LPFs and EB-Wavelet (𝒑 =

𝟏𝟎%) 

 

Figure 5.10 BER performance of the ZigBee with FIR LPFs and EB-Wavelet (𝒑 = 𝟏%) 
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Figure 5.11 BER performance of the ZigBee with FIR LPFs and EB-Wavelet (𝒑 = 𝟏𝟎%) 

 

5.4.4  EB-Wavelet Compared with Other Proposed Methods 

In the last simulation, the BER performance of the EB-Wavelet filter is compared 

with 𝐿𝑃𝐹1, CCV filter which is proposed in Chapter 4, and PBC which was introduced in 

[25]. Simulation results are shown in Figure 5.12. The simulation setting is arranged as 

follows: 𝑝 is set to 10%; for the CCV filter, the random sampling rate used to obtain the 

mean CCV and the window width used for the CCV filtering process are respectively set 

to 10% and 41 as introduced in Chapter 4; for the PBC approach, the clipping ratio is set 

to 5 dB as it gives the best BER performance [25]. Preliminary BER comparisons show 

the proposed EB-Wavelet filter to outperform both the CCV and PBC filtering 
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approaches. For example, to achieve the same BER 10−2 , the proposed EB-Wavelet 

obtains a 2 dB and 4 dB SNR gain when compared to the CCV and PBC methods, 

respectively. 

 

 

Figure 5.12 BER performance of the EB-Wavelet compared to the CCV filter and the PBC method 

(𝒑 = 𝟏𝟎%) 
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proposed for the purpose of impulsive noise rejection. This solution provides 

approximately the same BER results as the minimum MSE result without the added 

receiver complexity. This wavelet-based technique includes two key innovations: 

determination of the suggested resolution level for MRA and the improved BER 

performance using an error-balancing weighting matrix to combine adjacent 

decomposition levels. Several MATLAB-based simulations were performed to evaluate 

the performance of the proposed EB-Wavelet filter at various SNR levels. Results show 

the EB-Wavelet filter using the haar wavelet to outperform a 1 MHz FIR LPF as well as 

two previously proposed impulsive noise rejection techniques. 
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Chapter 6  Conclusion 

In this dissertation, we address the impact of impulsive noise on OFDM-based 

communication systems [1-3] and ZigBee wireless communication systems [31, 58]. 

Impulsive noise is considered as one type of channel additive noise which can be 

generated by power transmission lines, vehicle ignition, defective electric transients, 

partial discharge and sferic radiation [17-20]. Impulsive noise has the following unique 

characteristics: random occurrence, high-energy content within short time duration, and 

wide band spectrum [16, 21, 22, 64]. Due to its random spike-like time domain 

characteristics and wide band PSD in frequency domain, excessive impulsive noise may 

degrade the performance of OFDM-based communications and ZigBee WSNs [9, 33, 34, 

46, 48]. For example, the impulsive noise may spread to all OFDM sub-carriers during 

the FFT demodulation; it may cause difficulties to ZigBee O-QPSK demodulation and 

DSSS decoding process. This can result in transmitting incorrect messages to users. 

Therefore, mitigating the influence of impulsive noise becomes a critical task for 

improving the communication transmission quality. In this research, several impulsive 

noise rejection schemes have been presented for both OFDM and ZigBee communication 

systems. 

6.1  Summary of Contributions 

In Chapter 2, we focus on the impulsive noise suppression in OFDM communication 

systems. To achieve this goal, a dual faceted approach is proposed. We employ the Reed-

Solomon (RS) channel coding technique in a conventional OFDM system termed RS-

OFDM to provide the first stage protection. A frequency domain noise estimation process 
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is then performed as a pre-detection process. With a direct blanking or clipping operation 

on the received signal, the originally transmitted signal may be also blanked or clipped by 

false impulsive noise detection. Correspondingly the systems performance improvement 

is limited due to the ill-defined threshold [24, 25, 37]. However, this type of pre-detection 

followed by impulsive noise suppression performed on the estimated noise could offer 

some advantages. After the estimated noise is obtained, a composite comparison value 

(CCV)-based time domain filtering process is formulated to detect and remove the 

impulsive noise as the second stage protection. Our proposed filtering process utilizes a 

novel and efficient CCV-based threshold for a more accurate detection. Simulation 

results demonstrate the BER performance improvement of the proposed CCV filter with 

the aid of the RS coding when compared with the previously proposed methods in 

various impulsive noise environments and a multipath channel [24, 28]. 

In Chapter 3, we compare the performances of 915 MHz and 2.4 GHz band ZigBee 

systems in the presence of impulsive noise. Both of these ZigBee systems utilize the 

DSSS and O-QPSK as the PHY layer infrastructure. First, the theoretical analysis of the 

noise performance of the 915 MHz and 2.4 GHz band ZigBee systems is developed, and 

it is revealed that the 2.4 GHz band ZigBee has a better impulsive noise resistance. In 

order to perform a simulation assessment, an impulsive noise model based on the 

statistical characteristics of the impulsive noise measured in electricity substations is 

presented [55]. The proposed impulsive noise model is formed by sampling an amplitude 

modulation process where each sampled point is modulated with a sinc function. This 

process forms a sinc-like pulse train impulsive noise model which corresponds to the 

statistical characteristics of the measured impulsive noise such as impulse amplitude, 



 

95 

 

impulse rate, and impulse rise time. By employing the proposed impulsive noise model, 

several simulations are performed to compare the impulsive noise resistance of these two 

ZigBee systems. Results also verify that the 2.4 GHz band ZigBee outperforms the 915 

MHz band given the same signal-to-impulsive noise ratio scenario. However, as a trade-

off, more DSSS coding redundancy results in an increase of the baseband bandwidth for 

the 2.4 GHz band ZigBee given the fixed data rate [58], and the 915 MHz band ZigBee 

may be possibly deployed for PD detection due to its greater sensitivity to impulsive 

noise. 

In Chapter 4, the CCV filter with a time domain impulsive noise estimation and RS 

coding is employed with the ZigBee receiver. Noise estimation in the time domain 

attempts to avoid extra errors generated by the false detection and is performed directly 

on the received original signal interfered by impulsive noise. The effect of the RS coding 

against impulsive noise was previously shown to be effective in OFDM systems due to its 

burst error correcting ability. Simulation results show that the CCV filter alone 

outperforms RS coding implemented across a wide range of SNRs. However, the 

combination of the CCV and RS coding gives the best BER result for the 2.4 GHz band 

ZigBee system. 

In Chapter 5, a frequency domain filtering approach is proposed to suppress the 

impulsive noise for the 2.4 GHz band ZigBee system. First, the BER performance of the 

2.4 GHz band ZigBee receiver employing an LPF for the O-QPSK coherent detection is 

analyzed in an impulsive noise environment. It is shown that for the purpose of reducing 

BER, the bandwidth of LPF is related to the impulsive noise power which is theoretically 

not constant. A simple LPF with a fixed bandwidth, therefore, cannot effectively suppress 
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the impulsive noise. However, a flexible bandwidth LPF increases the complexity of the 

receiver design as the impulsive noise power needs to be continuously estimated. Based 

on this consideration, we propose a less complex but more elegant solution: an Error-

Balanced Wavelet (EB-Wavelet) filtering process. The EB-Wavelet filter includes two 

portions: a wavelet-based low pass filtering process utilizing the multiresolution analysis 

property of a DWT and an error balancing process using a proposed weighting matrix. 

The performance of the EB-Wavelet filter is compared with an FIR LPF with 1 MHz 

cutoff frequency and an LPF with the cutoff frequency corresponding to the minimal 

MSE on the O-QPSK demodulator [27]. Simulation results show the LPF with the cutoff 

frequency corresponding to the minimal MSE to have the best performance. However, 

the EB-Wavelet filter provides almost the same level of improvement but is more 

convenient to implement. The proposed EB-Wavelet filter is also compared with the time 

domain CCV filter and the previously proposed PBC method [25]. Results demonstrate 

the EB-Wavelet filter outperforms these two filters. 

6.2  Future Work 

For the CCV filtering with RS coding approach introduced in Chapter 2 and Chapter 

4, the RS codeword and redundancy extension should be further analyzed in the case of a 

greater occurrence probability of impulsive noise. RS coding with increased redundancy 

is able to correct more errors, but minimal redundancy is still needed to obtain the highest 

possible code rate. Moreover, according to both simulation results and theoretical 

analysis, the decoding failure of the proposed RS decoding algorithms still exists. Hence 
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analysis of the probability of decoding failure of the proposed RS decoding algorithms 

with various occurrence probabilities of impulsive noise is warranted. 

In Chapter 3, the proposed impulsive noise model is based on the measured data in 

substations. It can be seen that the time-interval between each nearby impulsive noise is 

approximately constant according to the statistical distribution. This suggests a dominant 

periodic impulsive noise source during measurements in the electricity substation. 

However, the random occurrence is more acceptable as the common characteristic of 

impulsive noise [16, 33, 67]. Therefore, field measurements in various impulsive noise 

environments, such as the indoor environments, distributed power substations, and 

industrial workshops, could be used in order to improve the accuracy of the modelling 

process for different practical impulsive noise sources.   

In Chapter 5, for the DWT-based impulsive noise rejection approach in ZigBee 

communication systems, the adopted value of the weighting matrix is determined by 

simulation results. However, a theoretical optimization of the weighting matrix can be 

considered to further improve system performance. When compared with other tested 

wavelets, the haar wavelet demonstrates the best performance which is mostly due to the 

similar characteristics between the haar wavelet and the polar NRZ signal. However, the 

theoretical relation between the selection of wavelet basis function and resulting filter 

performance could be further analyzed. In addition, the creation of a new wavelet basis 

function may be considered to further improve the system performance.   
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Appendix A 

Improvement of Bandwidth Efficiency using 16-QAM Modulation in 

OFDM Systems 

An OFDM modulation system transmits bit information at the bit rate 𝑅. Assuming 

each OFDM symbol contains 𝑁 bits, an 𝑁-point IFFT is therefore performed. The OFDM 

symbol duration is expressed as 

𝑇𝑜𝑠 =
𝑁

𝑅
 .                                                       (A.1) 

The frequency interval of OFDM sub-carriers is hence 

𝑓𝑠𝑖 =
1

𝑇𝑜𝑠
=

𝑅

𝑁
 ,                                                   (A.2) 

and the required bandwidth of the OFDM baseband transmission is  

𝐵𝑏 =
𝑁

2
∙ 𝑓𝑠𝑖 =

𝑅

2
 .                                                 (A.3) 

With a 2𝑀-ary QAM modulation, every QAM symbol contains 𝑀 bits, hence the 

QAM symbol duration is  

𝑇𝑞𝑠 =
𝑀

𝑅
 .                                                      (A.4) 

To transmit the same 𝑁 bits, the number of QAM symbols is 𝑁 𝑀⁄  which is also the IFFT 

points for the corresponding OFDM modulation. With the 𝑁 𝑀⁄ -point IFFT operation, 

the duration of the OFDM symbol carrying the QAM symbols is the same as the duration 

of the OFDM symbol carrying the bits, that is 

𝑇𝑜𝑠𝑞 = 𝑇𝑜𝑠 .                                                    (A.5) 

The frequency interval of sub-carriers is therefore the same as 𝑓𝑠𝑖 . The required 

bandwidth of the baseband transmission is hence obtained as  
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𝐵𝑏1 =
1

2
∙
𝑁

𝑀
∙ 𝑓𝑠𝑖 =

𝑅

2𝑀
 .                                         (A.6) 

A bandwidth gain of the baseband transmission is defined to evaluate the bandwidth 

efficiency of the QAM modulation, that is 

Gain𝑞 = 10log10
𝐵𝑏1

𝐵𝑏
= 10log10𝑀 (dB).                    (A.7) 

For the 16-QAM modulation, the bandwidth gain is about 6 dB. Therefore, to 

transmit the same number of bits, a 16-QAM modulated OFDM system requires a -6 dB 

bandwidth when compared to the OFDM system modulating the bit information directly 

which shows the improvement of bandwidth efficiency. 
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Appendix B 

BER Performance of O-QPSK in the Presence of Channel Impulsive 

Noise and Coherent Detection with an LPF 

The autocorrelation 𝑅𝑖𝑚
(𝜏) of 𝑖𝑚(𝑡) is obtained as  

𝑅𝑖𝑚
(𝜏) = E[𝑖𝑚(𝑡)𝑖𝑚(𝑡 − 𝜏)] = E[2𝑖(𝑡)cos2π𝑓𝑐𝑡 ∙ 2𝑖(𝑡 − 𝜏)cos2π𝑓𝑐(𝑡 − 𝜏)] 

= E[4𝑖(𝑡)𝑖(𝑡 − 𝜏)]E[cos2π𝑓𝑐𝑡cos2π𝑓𝑐(𝑡 − 𝜏)] = 4𝑅𝑖(𝜏) ∙
1

2
cos2π𝑓𝑐𝜏 = 𝑝𝑁0𝛿(𝜏).  (B.1) 

The PSD  𝑆𝑖𝑚
(𝑓) of 𝑖𝑚(𝑡)  is thus 

𝑆𝑖𝑚
(𝑓) = 𝑝𝑁0.                                                 (B.2) 

The PSD 𝑆𝑖𝐿,𝑚
(𝑓)  and autocorrelation 𝑅𝑖𝐿,𝑚

(𝜏)  of  𝑖𝐿,𝑚(𝑡)  is hence can be 

represented as  

{
𝑆𝑖𝐿,𝑚

(𝑓) = {
𝑝𝑁0, |𝑓| ≤ 𝐵LPF

0, |𝑓| > 𝐵LPF 
            

𝑅𝑖𝐿,𝑚
(𝜏) = 2𝑝𝐵LPF𝑁0sinc(2𝐵LPF𝜏)

.                             (B.3) 

Finally considering the condition 𝑇symbol >
1

𝐵LPF
 the variance 𝜎𝑀

2  of 𝑀 is obtained as 

𝜎𝑀
2 = E[𝑀2] = E [(∫ 𝑖𝐿,𝑚(𝑡)

𝑇symbol

0
𝑑𝑡)

2
] = ∫ ∫ E[𝑖𝐿,𝑚(𝑡)𝑖𝐿,𝑚(𝑎)]𝑑𝑡𝑑𝑎

𝑇symbol

0

𝑇symbol

0
  

= ∫ ∫ 𝑅𝑖𝐿,𝑚
(𝑡 − 𝑎)𝑑𝑡𝑑𝑎

𝑇symbol

0

𝑇symbol

0
= ∫ (𝑇symbol − 𝜏)𝑅𝑖𝐿,𝑚

(𝜏)𝑑𝜏
𝑇symbol

0
                                 

= ∫ 𝑇symbol𝑅𝑖𝐿,𝑚
(𝜏)𝑑𝜏 − ∫ 𝜏𝑅𝑖𝐿,𝑚

(𝜏)𝑑𝜏
𝑇symbol

0

𝑇symbol

0
  

≈ 𝑝𝑁0𝑇symbol − ∫ 2𝜏𝑝𝐵LPF𝑁0
sin2π𝐵LPF𝜏

2π𝐵LPF𝜏
𝑑𝜏

𝑇symbol

0
  

= 𝑝𝑁0 (𝑇symbol −
(1−cos2π𝐵LPF𝑇symbol)

2π𝐵LPF
),                            (B.4)  
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where 𝜏 = 𝑡 − 𝑎. According to (5.19) and (5.20), 𝑀 can be approximately considered as 

a Gaussian process with zero mean as a result of linear operations on 𝑖(𝑡). The PDF 

𝑓𝑀(𝑚) of 𝑀 is thus given as 

𝑓𝑀(𝑚) =
exp(−𝑚2 2𝜎𝑀

2⁄ )

𝜎𝑀√2π
 .                                        (B.5) 

The PE 𝑃𝑒1,𝑖,OQPSK of the integrator output in the in-phase sub-channel is therefore 

derived as  

𝑃𝑒1,𝑖,OQPSK = ∫ 𝑓𝑀(𝑚)𝑑𝑚 = ∫
exp(−𝑚2 2𝜎𝑀

2⁄ )

𝜎𝑀√2π
𝑑𝑚

−𝐴𝑐𝑇symbol

−∞

−𝐴𝑐𝑇symbol

−∞
.(B.6)                                    

Let  𝑙 =
𝑚

𝜎𝑀
, (B.6) can be rewritten as 

𝑃𝑒1,𝑖,OQPSK = ∫
exp(−𝑙2 2⁄ )

𝜎𝑀√2π

+∞

(
𝐴𝑐𝑇symbol

𝜎𝑀
)

𝜎𝑀𝑑𝑙 = 𝑄 (
𝐴𝑐𝑇symbol

𝜎𝑀
)    

= 𝑄

(

 
 𝐴𝑐𝑇symbol

√𝑝𝑁0(𝑇symbol− 
(1−cos2π𝐵LPF𝑇symbol)

2π𝐵LPF
)

)

 
 

.                 (B.7) 

The PE of the integrator output in the quadrature sub-channel and O-QPSK system 

are denoted as 𝑃𝑒2,𝑖,OQPSK and 𝑃𝑒,𝑖,OQPSK, respectively. It can be found that  

𝑃𝑒1,𝑖,OQPSK = 𝑃𝑒2,𝑖,OQPSK = 𝑃𝑒,𝑖,OQPSK .                             (B.8)
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