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Abstract of thesis presented to the Senate of Universiti Putra Malaysia in fulfilment 

of the requirement for the degree of Master of Science 

NONLINEAR ADAPTIVE ALGORITHM FOR ACTIVE NOISE CONTROL 

WITH LOUDSPEAKER NONLINEARITY 

By 

SEPEHR GHASEMI DEHKORDI 

August 2014  

Chairman : Y.M Raja Mohd Kamil bin Raja Ahmad, PhD 

Faculty : Engineering 

Low frequency noise is an environmental pollution which affects human 

psychologically and physiologically. Low frequency noise of excessive amplitude 

could cause hearing loss, negative social behaviours, sleep and cardiovascular 

diseases. There are two methods to cancel or control noise which are active and 

passive methods.  Passive method involves the use of enclosures, barriers and 

silencers but is ineffective at low frequency noise (below 500Hz). An active method 

which has received much attention is the use of Active Noise Control (ANC) system 

which involves an electro acoustic system that cancels unwanted noise using the 

principle of superposition. 

Adaptive algorithms are prevalently applied in the design of nonlinear active noise 

control (ANC) system. The most important nonlinearity in ANC is the saturation 

effect produced by the electro-acoustical sensors and transducers. The dominant 

saturation nonlinearity in the transducers is the loudspeaker which can be represented 

by a Wiener model. An effective solution to mitigate such nonlinearly distortion is to 

employ the Nonlinear Filtered-X Least Mean Square (NLFXLMS) algorithm. The 

controller compensates the nonlinearity using a model of the saturation effect 

represented by Scaled Error Function (SEF). However, the NLFXLMS is limited by 

two practical issues such that the degree of nonlinearity has to be known in advance 

and the SEF cannot be evaluated in real time.   

In this work, the NLFXLMS algorithm is modified by incorporating   Tangential 

Hyperbolic Function (THF) to model the saturation effect of the loudspeaker. The 

proposed THF-NLFXLMS algorithm models the Wiener secondary path and applies 

the estimated degree of nonlinearity of the nonlinear secondary path in the control 

algorithm design. The results show that the Wiener secondary path with saturation 

nonlinearity represented by SEF can be modelled by THF with a certain degree of 
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accuracy and yield a good estimate of the degree of nonlinearity can be obtained. The 

performance of the proposed algorithm is comparable with the benchmark 

NLFXLMS and superior to the conventional FXLMS with the proposed algorithm. 
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Abstrak tesis yang dikemukakan kepada Senat Universiti Putra Malaysia sebagai 

memenuhi keperluan untuk ijazah Master Sains 

ALGORITMA ADAPTIF TIDAK-LINEAR UNTUK KAWALAN HINGAR 

AKTIF DENGAN PEMBESAR SUARA TIDAK-LINEAR 

Oleh 

SEPEHR GHASEMI DEHKORDI 

Ogos 2014  

Pengerusi : Y.M Raja Mohd Kamil bin Raja Ahmad, PhD 

Fakulti : Kejuruteraan  

Hingar berfrekuensi rendah adalah satu bentuk pencemaran alam sekitar yang 

menjejaskan manusia dari aspek psikologi dan fisiologi.   Hingar berfrekuensi rendah 

dengan amplitud yang berlebihan boleh menyebabkan kehilangan pendengaran, 

perilaku sosial yang negatif, penyakit yang berkaitan dengan tidur dan penyakit 

kardiovaskular.  Terdapat dua kaedah yang boleh digunakan untuk menyah atau 

mengawal hingar iaitu kaedah aktif dan pasif.   Kaedah pasif melibatkan penggunaan 

kurungan, sekatan dan penyenyap tetapi ia tidak efektif pada hingar berfrekuensi 

rendah (di bawah 500Hz). Kaedah aktif yang berjaya menarik perhatian ramai ialah 

penggunaan sistem Kawalan Hingar Aktif (ANC) yang melibatkan sistem akustik 

elektro yang membatalkan hingar yang tidak dikehendaki menggunakan prinsip 

superposisi.  

Algoritma adaptif banyak diaplikasikan dalam rekabentuk sistem  Kawalan Hingar 

Aktif (ANC). Ketidak-linearan yang paling penting dalam ANC adalah kesan 

saturasi yang dihasilkan oleh pengesan-pengesan dan transduser elektro-akustik.  

Kebukan-linearan saturasi yang dominan dalam transduser adalah pembesar suara 

yang diwakili oleh model Wiener.  Satu jalan penyelesaian yang efektif yang boleh 

mengurangkan herotan yang tidak linear ialah dengan menggunakan algoritma yang 

dipanggil Nonlinear Filtered-X Least Mean Square (NLFXLMS). Alat kawalan 

memampas ketidak-linearan tersebut menggunakan model kesan saturasi yang 

dipaparkan oleh Kefungsian Ralat Berskala atau Scaled Error Function (SEF). 

Namun demikian, NLFXLMS dikekang oleh dua isu praktikal di mana aras ketidak-

linearan perlu diketahui lebih awal dan SEF tidak boleh dinilai dalam masa yang 

sebenar.    

Dalam kajian ini, algoritma NLFXLMS diubahsuai dengan menggabungkan 

Kefungsian Hiperbolik Bertangen atau Tangential Hyperbolic Function (THF) untuk 

menunjukkan kesan saturasi alat pembesar suara.  Algoritma THF-NLFXLMS yang 

disarankan cuba menunjukkan laluan sekunder Wiener dan mengaplikasikan aras 
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ketidak-linearan laluan sekunder bukan-linear yang dianggarkan dalam rekabentuk 

algoritma kawalan. Keputusan menunjukkan bahawa laluan sekunder Wiener dengan 

ketidak-linearan saturasi yang diwakili oleh SEF boleh dimodelkan oleh THF dengan 

ketepatan tertentu dan hasil satu anggaran aras ketidak-linearan yang baik dapat 

diperolehi.  Prestasi algoritma yang disarankan boleh dibandingkan dengan penanda-

aras NLFXLMS dan lebih baik dari  FXLMS konvensyional dengan algoritma yang 

dicadangkan.   
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CHAPTER     1 

INTRODUCTION 

 

1.1 Background 

Low frequency noise (LFN) is an environmental pollution which affects human 

psychologically and physiologically. LFN has diverse negative impacts on human's 

life such as mental health, negative social behavior, sleep disturbances and 

cardiovascular diseases[1, 2]. Low frequency noise can radiate from vehicles, 

aircraft, roads, construction and transportation systems. Canceling and reducing low 

frequency noise is a paramount concern that must to be considered especially with an 

increasing volume of this type of noise in our everyday life [3, 4]. 

Two methods have been introduced to cancel the acoustic noise which are active and 

passive methods. Passive method involves the use of enclosures, barriers and 

silencers but they are ineffective for low frequency noise (below 500Hz)  [3, 5]. An 

active method which has received much attention recently is the use of Active Noise 

Control (ANC) system which involves an electro acoustic system that cancels 

unwanted noise using the principle of superposition [6]. The electro acoustic system 

generates a canceling secondary source signal that travels through a secondary path 

which is then against with the primary source. ANC systems usually consist of 

sensors and actuators such as microphone, loudspeakers, controllers, digital to analog 

converters (DAC) and analog to digital converters (ADC) [7]. 

The characteristic of noise is time varying and non-stationary, so adaptive control 

technique is prevalently used in designing ANC systems [8]. One of the common 

adaptive algorithms which are used in ANC system is Filtered-X Least Mean Square 

(FXLMS) [9]. This algorithm is an extension of the least mean square (LMS) 

algorithm whereby the reference signal is filtered by the estimation of the secondary 

path to ensure the convergence of the adaptive controller [10].  

FXLMS adaptive algorithm has excellent performance when all the components and 

environments are linear, but in reality, ANC systems are subjected to different 

nonlinearities which have great negative impacts on the FXLMS performance [11, 

12]. Generally, there are three different source of nonlinearity in an ANC system; 

noise source, acoustics propagation path, sensor and actuators [13-15]. Among these 

nonlinearities, saturation nonlinearity of sensors and actuators is the main 

nonlinearity in ANC, especially when low cost acoustical equipments are used [16-

18]. The main saturation nonlinearity is attributed to power amplifiers and 

loudspeakers in the secondary path [16, 19]. 

Since FXLMS suffers from reduced noise cancelation performance in Nonlinear 

ANC (NANC), various types of nonlinear algorithms based on FXLMS, are used to 

overcome nonlinearity in NANC systems [12, 20]. These algorithms are usually 
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based on FXLMS algorithm and employed as an alternative to standard FXLMS. The 

NANC algorithms are separated in two different approaches namely the direct and 

indirect algorithms. In the direct algorithm, the controller is adapted directly without 

using nonlinear model of the secondary path and involves filtering the reference 

signal with an estimated linear part of the secondary path. Some of the algorithms 

used in the direct method are Volterra FXLMS (VFXLMS) [15], Functional link 

(FSLMS) [21], Bilinear FXLMS (BFXLMS) [22], Leaky FXLMS (LFXLMS) [18], 

Minimum Output Variance FXLMS (MOVFXLMS) [16], Variable Leaky FXLMS 

(VLFXLMS) [23] and Variable MOVFXLMS (VMOVFXLMS) [24]. The direct 

method performs better than FXLMS but suffer from high computational complexity 

or tuning parameters like leakage factor in their cost function [24, 25]. The other 

approach in designing NANC is by means of indirect algorithm where the controller 

is designed using the nonlinear saturation model of the secondary path. At present 

only NLFXLMS algorithm falls under this category [17, 26]. In using NLFXLMS, 

the secondary path needs to be modeled prior to designing the controller [19, 24]. Of 

all the algorithms, NLFXLMS provides the highest level of noise reduction and 

serves as the benchmark because the algorithm uses the true value of the degree of 

nonlinearity associated saturation nonlinearity [17, 25] . 

1.2 Problem Statement 

NLFXLMS provides the highest level of noise reduction and serves as the 

benchmark because the algorithm used the true value of the degree of nonlinearity 

associated with saturation model [17, 19]. In designing NLFXLMS controller the 

degree of nonlinearity associated with the memoryless saturation scaled error 

function (SEF) is employed [26]. However, In order to design NLFXLMS controller, 

the degree of nonlinearity associated with SEF must be known in advance and is 

usually assumed to be known [16, 19]. This limits the applicability of the method for 

real time implementation.  Due to this limitation, NLFXLMS based on Tangential 

hyperbolic Function (THF) algorithm has been proposed to overcome the 

nonlinearity of the power amplifier [19]. THF function is widely used to represent 

the loudspeaker nonlinearity [17, 27-29] and combining the THF with the 

NLFXLMS to overcome the loudspeaker nonlinearity in the benchmark performance 

has not been explored and is addressed in this research. 

1.3 Aims and Objectives 

The aim of this research is to develop a methodology of modeling the nonlinearity of 

the loudspeaker and used this model to design an active noise controller based on 

NLFXLMS algorithm. The proposed algorithm must have comparable performance 

with the benchmark NLFXLMS in terms of level of noise cancelation. 

The following objectives have been outlined in order to achieve the aims of the 

research: 
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i. To develop a method for modeling the nonlinear secondary path associated 

with loudspeaker nonlinearity based on THF and design NLFLXMS 

algorithm using the proposed model. 

ii. To compare the performance of THF-NLFXLMS with the benchmark 

NLFXLMS in the presence of loudspeaker nonlinearity. 

1.4 Research Scope 

In this work, a novel nonlinear modeling technique in NANC is proposed to 

overcome the drawbacks of NLFXLMS algorithm. Sequentially, the proposed model 

is used to develop a controller algorithm based on Tangential hyperbolic function 

(THF). The work is restricted to single input, single output (SISO) ANC system. The 

feedforward strategy is used to control the noise at the observer [30]. All the transfer 

function and filters are assumed to be linear except the loudspeaker which is 

represented by a memory less saturation nonlinearity. The work involves designing 

and simulating the proposed modeling technique. At the control stage, an alternative 

THF-NLFXLMS algorithm is proposed and compared with NLFXLMS and FXLMS 

when ANC system deals with loudspeaker nonlinearity. Figure1.1, illustrates the 

research scope which is covered in this argumentation. 

Noise Control

Passive Control Active Control

Feedback control IMC-feedback controlFeedforward control

Single Channel Multiple Channel

Linear ANC  Nonlinear ANC

Nonlinearities in 

Primary Path

Nonlinearities in 

Secondary Path

Nonlinearities in 

Reference noise

Power Amplifier Loudspeaker Acoustic PathMicrophone  

Figure ‎1.1: Research Scope 

 

The methodology of this research is shown in Figure 1.2. This methodology has two 

substantial parts: modelling and control. In the first part, the nonlinear secondary 

path is modelled the characterization of the loudspeaker and the accuracy of the 

model has been evaluated in low, medium and high saturation effect. Then the 

proposed model is used to design an alternative THF-NLFXLMS algorithm to 

overcome saturation nonlinearity caused by loudspeaker in the secondary path. The 

proposed designs are verified by means of simulation. Mean Square Error (MSE) is 
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used as a criteria to compare the proposed nonlinear algorithm with the NLFXLMS 

as the benchmark. 

 

Figure ‎1.2: Research Methodology 
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1.5 Thesis Organization 

This thesis is organized in five chapters. The first chapter presents the introduction, 

research problems, research objectives, research aim and methodology of the study. 

Chapter two presents the literature survey related to the structure of ANC systems 

and common algorithm specifically used in loudspeaker nonlinearity. In Chapter 

three, Wiener nonlinear block oriented structure used to represent loudspeaker 

saturation nonlinearity in the secondary path is introduced. The nonlinear part is 

represented by a memory less saturation function. Scaled Error Function (SEF) 

nonlinearity representing the true nonlinearity is modeled by Tangential Hyperbolic 

Function (THF). Them a nonlinear FXLMS algorithm is derived based on proposed 

THF model to overcome the loudspeaker nonlinearity in the secondary path. In 

chapter four, the proposed methodology is evaluated by means of simulation. Finally, 

chapter five presents the conclusion of the work and possible future perspectives of 

the work. 
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