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This thesis explores a novel approach to designing a 2.45 GHz small signal amplifier utilizing 

customized bandpass filters for impedance matching. The proposed design offers significant ad-

vantages over conventional amplifier-filter topologies, including reduced loss, improved matching, 

and a more compact footprint. 

The design incorporates two cascaded bandpass filters strategically placed within the amplifier 

circuit. The first filter, located at the receiver input, provides initial filtering to mitigate out-of-band 

noise and interference, protecting the small signal amplifier from potential damage caused by 

strong unwanted signals. The second filter, positioned at the amplifier output, serves the dual 

purpose of refining the desired signal bandwidth and achieving optimal impedance matching with 

subsequent receiver stages. By using customized bandpass filters, the design allows for precise 

control over both the frequency response and impedance transformation within the circuit. This 

thesis presents detailed simulation and measurement results for the amplifier-filter design, focus-

ing on reflection loss and gain. The simulations predicted a reflection coefficient below -10 dB and 

a gain of 13.6 dB within the desired frequency range. While the measured results showed a re-

flection coefficient of -15.9 dB and a marginally lower gain of 11.3 dB, the overall performance 

was still within acceptable limits for the intended application. These discrepancies can be at-

tributed to component tolerances and external influences during testing. 

Future work could focus on further optimizing the design to reduce loss and improve overall effi-

ciency by exploring different filter topologies, optimizing component values, or implementing ad-

vanced design techniques. Investigating alternative matching circuits using lumped elements or 

transmission line transformers could provide valuable insights for future iterations. 

Keywords: small signal amplifier, impedance matching, bandpass filter, direct coupled 

theory. 

The originality of this thesis has been checked using the Turnitin Originality Check ser-

vice. 
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1. INTRODUCTION 

The rapid advancement of radio frequency (RF) technology has been a driving force 

behind the evolution of wireless communication systems. As we transition from 4G to 5G 

and explore even higher frequency bands beyond 6G, efficient signal processing be-

comes paramount. These innovations are facilitated by sophisticated RF technologies 

operating across a broad spectrum of frequencies. The radio frequency spectrum, a lim-

ited natural resource, necessitates careful management and efficient allocation to ensure 

optimal utilization across diverse applications. Due to its unlicensed nature, the Indus-

trial, Scientific, and Medical (ISM) band, particularly the 2.4-2.5 GHz range, has emerged 

as a popular choice for various wireless applications. The International Telecommunica-

tion Union's Radiocommunication Sector (ITU-R) designated the Industrial, Scientific, 

and Medical (ISM) frequency band in May 1985. This spectrum allocation allows for the 

development and deployment of a diverse range of devices without the need for individ-

ual licensing procedures [1], [2]. 

Receivers in wireless communication systems play a pivotal role in separating the de-

sired signal from a broad range of transmitting sources, noise, and interference. Amplifi-

ers and filters are essential elements within microwave systems. Amplifiers boost the 

signal strength, while filters select specific frequencies or eliminate unwanted harmonics. 

The design of these components must be precise to ensure optimal system 

performance[3], [4], [5]. A typical example of the filters and amplifiers in a generalized 

receiver is shown in Figure 1(a) and an integrated filter-amplifier is shown in Figure 1(b)  
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                                                                (a) 
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                                                                  (b) 

Figure 1. (a) A conventional receiver system and (b) an integrated filter amplifier. BPF: 
Band-pass filter; IMN: input matching network; OMN: output matching network [6]. 

In the design of a high-performance receiver for the 2.45 GHz frequency band, incorpo-

rating two bandpass filters with a small signal amplifier is a strategic approach that ad-

dresses several critical aspects of signal processing. Instead of the conventional topol-

ogy, where the amplifier’s impedance-matching circuit networks and filters are separate, 

they can be merged [6].An integrated filter-amplifier circuit is shown in Figure 1(b). This 

approach replaces traditional matching networks with bandpass filters, which can be im-

plemented using on-chip lumped circuits or planar structures. This eliminates the need 

for separate matching networks, resulting in reduced losses, improved efficiency, and a 

more compact design. By integrating the filters directly into the amplifier, we can mini-

mize ohmic and dielectric losses associated with microstrip matching circuitry and elim-

inate insertion losses and multiple reflections that occur with port-to-port connections. 

This integrated filter-amplifier approach offers significant benefits in terms of size reduc-

tion and performance compared to traditional designs with separate components. 

This thesis proposes a novel approach that leverages two customized bandpass filters 

cascaded with a small signal amplifier (SSA). The first bandpass filter, positioned at the 

receiver input (antenna side), provides an initial stage of filtering to mitigate out-of-band 

noise and interference. This pre-filtering step helps protect the SSA from potential dam-

age caused by strong unwanted signals. The second bandpass filter, situated at the am-

plifier output, serves the dual purpose of further refining the desired signal bandwidth 

and achieving optimal impedance matching between the amplifier and the remaining re-

ceiver circuitry. Using customized bandpass filters allows us to precisely control both the 

frequency response and impedance transformation within the circuit. 
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1.1 Motivation 

This thesis is a partial requirement for the Master of Science in Wireless Communications 

and RF Systems at the Department of Electrical Engineering, Tampere University. This 

research focuses on developing a 2.45 GHz small signal amplifier that integrates cus-

tomized bandpass filters as impedance-matching circuits. These filters will be incorpo-

rated at the amplifier's input and output stages. Traditionally, bandpass filters (BPF) and 

amplifiers are designed as separate entities within a receiver. However, integrating BPFs 

directly with the amplifiers can yield numerous benefits, including reduced circuit com-

plexity, cost-effectiveness, and enhanced overall performance. This approach also min-

imizes the need for additional input matching networks (IMN), as the matching network 

between the BPF and the amplifiers will serve this purpose. 

The integration of BPFs with amplifiers has been previously explored, demonstrating that 

such configurations can enhance amplifier gain, stability, and frequency selectivity. Ad-

vanced materials and novel fabrication techniques have enabled the development of 

highly selective and tunable bandpass filters, making them well-suited for modern RF 

applications. This thesis builds upon these foundational works by focusing on the inte-

gration of customized bandpass filters within a 2.45 GHz small signal amplifier. 

1.2 Scope of the Thesis 

This thesis presents a novel approach to designing a high-performance 2.45 GHz small-

signal amplifier using customized bandpass filters for impedance matching. The re-

search addresses key challenges in RF amplifier design, including impedance matching, 

gain optimization, and signal selectivity within the 2.45 GHz ISM band. The scope of this 

thesis includes: 

 Review of existing research on BPF and small-signal RF amplifiers. 

 Choosing an appropriate topology for the BPF. 

 Identifying an optimal design approach for the small-signal RF amplifier. 

 Numerical designing using Pathwave Advanced Design System (ADS). 

 Fabrication and testing of the filter and amplifier as individual components, fol-

lowed by performance evaluation. 

 Integration of the 2.45 GHz ISM band filter and amplifier onto a single substrate 

for prototyping. 



4 
 

1.3 Thesis Outline 

The thesis is divided into six chapters. Chapter 1 plays the role of providing an overview 

along with the thesis motivation, scope, and structure. 

Chapter 2 provides a comprehensive background on key concepts and design method-

ologies relevant to this thesis. It begins with an overview of transmission line theory, 

discussing the Telegrapher's Equation, the fundamentals of transmission line theory and 

RF phenomena, and basic transmission line components. The chapter then transitions 

into RF filter design, covering essential considerations, limitations in component values, 

and the direct coupled filter theory. Lastly, it addresses the design of small-signal ampli-

fiers aimed at achieving maximum gain. This includes exploring topics such as uncondi-

tional stability and its significance, the principle of simultaneous complex conjugate im-

pedance matching, and non-linearities in amplifiers. 

Chapter 3 focuses on the design and implementation of both the small-signal amplifier 

and the bandpass filter. It begins by outlining the design criteria for the small-signal am-

plifier, including the selection of appropriate transistors, DC biasing, and the desired RF 

performance characteristics. Next, it describes the design specifications for the band-

pass filter, detailing the process for designing Chebyshev filters and comparing ap-

proaches using lumped versus distributed components. The chapter concludes with the 

implementation phase, which involves designing the filtering amplifier and developing its 

layout. 

Chapter 4 presents and analyzes the research findings. The section on Measurement 

and Simulation of the Small-Signal Amplifier compares the simulated and measured re-

sults to evaluate the amplifier's performance. Next, the focus shifts to the Measurement 

of the Bandpass Filter (BPF), where we detail the performance outcomes of the Band-

pass filter, assessing how closely these results align with the design specifications. Fi-

nally, we discuss the Measurement of the Amplifier-Filter Combination, providing an eval-

uation of the integrated amplifier-filter system. 

Chapter 5 presents a summary of the research's key findings and proposes potential 

areas for further investigation. It begins with a concise overview of the main conclusions 

drawn from the design, implementation, and performance evaluation of the small-signal 

amplifier and bandpass filter. The discussion highlights the effectiveness of the inte-

grated amplifier-filter system, emphasizing how well it meets the project goals and design 

specifications. 
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2. THEORETICAL BACKGROUND 

This section reviews the relevant theoretical concepts to establish a theoretical founda-

tion for the thesis work. 

2.1 Overview of transmission line theory 

A transmission line is a conductor whose length is significant compared to the signal's 

wavelength. At high frequencies, the propagation delay becomes comparable to a single 

cycle, causing noticeable voltage variations along the conductor. In contrast, this propa-

gation delay is negligible at low frequencies, and voltage can be considered constant, as 

is typically assumed in circuit theory. However, in RF design, where frequencies are high, 

conductors are routinely treated as transmission lines [3]. 

There exists a wide range of transmission line types, each designed to serve specific 

purposes in electrical and microwave engineering. Figure 2 illustrates three commonly 

used transmission line configurations: two-wire, coaxial, and microstrip transmission 

lines. Microstrip transmission lines, frequently utilized in high-frequency circuits, are es-

sentially like standard PCB traces. Both feature a conductive strip situated on a dielectric 

substrate, with a ground plane located beneath, allowing for controlled impedance and 

efficient signal transmission in microwave circuits. By integrating directly into PCBs, mi-

crostrip lines enable compact and efficient designs, eliminating the need for separate 

transmission lines. Their versatility allows them to be easily designed and modified to 

suit various impedance requirements and signal frequencies. This structural similarity 

enables microstrip lines to be seamlessly integrated into standard PCB manufacturing 

processes, making them a versatile choice for compact RF and microwave components 

in applications such as antennas, filters, and amplifiers. 

 

 

a b c
 

Figure 2. Three commonly used transmission lines (a) two-wire transmission line;(b) 
Coaxial transmission line;(c) microstrip transmission line. 
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Figure 3 typically depicts a transmission line with two wires, which is a common way to 

represent them since they require at least two conductors for the specific type of wave 

propagation they support. 

              

Figure 3. Equivalent circuit for an incremental length of the transmission line. (a) Voltage 
and current definitions. (b) Lumped-element equivalent circuit. 

 

To understand how signals travel on a transmission line, we can break it down into ex-

tremely small slices, each with a size of Δz, which have certain characteristics defined 

as follows: R = series resistance per unit length for both conductors, L = series induct-

ance per unit length for both conductors, G = shunt conductance per unit length, C = 

shunt capacitance per unit length. The variables v(z,t) and i(z,t) respectively represent 

the voltage and current at any point along the line at any given moment[3]. 

Transmission line theory connects field analysis and basic circuit theory, which are cru-

cial for understanding microwave circuits and devices. Wave propagation on transmis-

sion lines can be understood using either circuit theory or Maxwell's equations. Circuit 

theory treats circuits as "lumped elements" where voltage and current are constant 

throughout. While circuit theory treats circuits as having constant voltage and current 

throughout, transmission line theory considers the physical length of the line, which can 

be considerable compared to the signal wavelength. This makes transmission lines "dis-

tributed parameter" networks, where voltage and current can vary throughout their 
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length[3].The functioning principles of these transmission lines can be effectively under-

stood through the application of a distributed circuit model. This model represents the 

transmission line as an infinite series of infinitesimal circuit elements which provide a 

more accurate analysis of voltage and current variations along the line. By employing 

this approach, engineers can derive practical and precise results that are essential for 

designing and optimizing transmission lines for various applications [7]. 

 

2.1.1 Telegraphers’ equation 

Oliver Heaviside derived Telegrapher’s equations for the first time in 1880 [8]. He ob-

tained the equation by dividing the transmission line into very small sections. Each 

section of the transmission line is represented by the basic circuit shown in Figure 3. This 

classical model accounts for voltage drops and current leakage during signal 

transmission. While primarily used in radio frequency (RF) applications, these equations 

also find applications in power line design [9].The Telegrapher's equations, also known 

as the transmission line equations, are a set of interconnected, second-order partial 

differential equations that describe the behavior of voltage and current along a 

transmission line. These equations consider the resistance, inductance, capacitance, 

and conductance of the line, providing a more accurate representation of signal 

propagation than traditional circuit theory. 

 Applying Kirchhoff's voltage law on the circuit in Figure 2, we get 

                               𝑣(z, t) − RΔzi(z, t) − LΔz
∂ⅈ(z,t)

∂t
− 𝑣(z + Δz, t) = 0       (2.1) 

Again, Applying Kirchoff’s Current law we get 

                       𝑖(𝑧, 𝑡) − 𝐺𝛥𝑧𝑣(𝑧 + 𝛥𝑧, 𝑡) − 𝐶𝛥𝑧
𝜕𝑣(𝑧+𝛥𝑧,𝑡)

𝜕𝑡
− i(𝑧 + 𝛥𝑧, 𝑡) = 0                   (2.2)       

By dividing both sides of Equation (2.1) and (2.2) by 𝛥𝑧 and taking the limit as 𝛥𝑧 → 0 

gives the following differential equations: 

                                                 
∂v(z,t)

∂z
= −Ri(z, t) − L

∂ⅈ(z,t)

∂t
                                                (2.3)                            

              

                                               
 ∂ⅈ(z,t)

∂z
= −Gv(z, t) − C

∂v(z,t)

∂t
                                                    (2.4) 
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These equations represent the transmission line equations in the time domain, also 

known as the Telegrapher's equations. Equations (2.3) and (2.4) represent the voltages 

and currents along transmission lines. A key area of practical interest in microwave elec-

tronics is the lossless transmission line, where R and G are either trivial or simply R=G=0. 

For a continuous sine wave, and by using phasor representations based on cosines, 

these equations can be simplified to 

                                                            
∂v(z,t)

∂z
= −L

∂ⅈ(z,t)

∂t
                                                          (2.5) 

                                                            
∂ⅈ(z,t)

∂z
= −C

∂v(z,t)

∂t
                 (2.6)

                         

We aim to solve equations (2.5) and (2,6) for a sinusoidal excitation of the line. Using 

phasor analysis, we can determine the steady-state voltage and current V(z,t) and I(z,t)) 

along the transmission line under sinusoidal excitation. These quantities are also sinus-

oidal functions of time, and their dependence on position and time can be represented 

in a general form [3]. 

                                                           𝑉(𝑧)= 𝑉𝑓 𝑒
−𝛾𝑧+𝑉𝑏 𝑒

𝛾𝑧                                               (2.7) 

                                                I(𝑧)= 𝐼 𝑓 𝑒
−𝛾𝑧+𝐼𝑏 𝑒

𝛾𝑧                  (2.8) 

                                                                  

2.1.2 Fundamentals of TL Theory and RF Phenomena 

Traditional AC circuit theory, which relies on lumped-element models, is effective at low 

frequencies when the signal's wavelength is much larger than the size of the circuit com-

ponents. This allows us to assume that voltage and current are evenly distributed 

throughout the components. In such scenarios, circuit parameters like resistance, induct-

ance, and capacitance can be treated as discrete elements, and the time delay of signal 

propagation is negligible. However, as frequencies increase into the radio frequency (RF) 

range, typically above 100 MHz, the assumptions of lumped-element models break down 

due to the distributed nature of circuit parameters. Transmission line theory is crucial for 

understanding how voltage and current vary with both position and time along a trans-

mission line [3]. 

Transmission line (TL) theory differs from AC circuit theory in how it treats circuit ele-

ments. AC circuit theory assumes components are small relative to the signal's wave-

length, while transmission line theory considers their physical dimensions. This allows 

for a simplified analysis using Kirchhoff's laws and the concept of impedance. TL theory 
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accounts for the time delay and spatial variation of signals along the transmission me-

dium. Key concepts such as characteristic impedance, wave propagation, reflection co-

efficients, and standing wave ratios (SWR) are introduced to analyse how signals travel 

along transmission lines, which is essential in RF circuit design. TL theory also ad-

dresses impedance matching, critical for minimising signal reflections and ensuring max-

imum power transfer [10]. 

When operating at higher frequencies, the physical size of circuit elements becomes 

significant relative to the signal's wavelength, requiring consideration of their distributed 

nature. Transmission line theory considers the distributed inductance, capacitance, re-

sistance, and conductance along the line, providing a more accurate representation of 

signal propagation. When the transmission line and load impedances don't match at high 

frequencies, it can cause signal reflections and standing waves. The reflection coefficient 

quantifies the mismatch and is a critical parameter for minimizing signal loss. This be-

havior contrasts with low-frequency AC circuit theory, where impedance mismatches 

have a minimal impact on signal integrity. 

Integrating S-parameters (scattering parameters) into circuit analysis allows for a com-

prehensive understanding of how RF components interact, especially in networks where 

traditional voltage and current relationships are less intuitive. S-parameters are essential 

for analyzing the reflection and transmission properties of RF components and systems, 

enabling the design of effective RF circuits [11]. 

To address these high-frequency effects, AC circuit theory is extended by incorporating 

transmission line models, which enable accurate analysis of signal behaviour at RF. 

Lumped-element models are replaced by distributed models that capture variations in 

voltage and current along the transmission line. Additionally, impedance matching tech-

niques, including the use of Smith charts, become essential tools in RF design, ensuring 

minimal reflection and maximum power transfer. Understanding how transmission line 

theory and RF phenomena expand traditional AC circuit theory is crucial for designing 

circuits that operate efficiently at high frequencies. By incorporating these advanced con-

cepts, engineers can create more reliable RF systems that meet the demanding perfor-

mance requirements of modern communication technologies. 
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2.1.3 Input Impedance of a Transmission Line 

The input impedance (𝑍𝑖𝑛) of a transmission line is a crucial parameter that determines 

the extent to which a signal travelling along the line is reflected to the source. It depends 

on the characteristic impedance (𝑍0) of the line, the load impedance (𝑍𝐿) at the end, and 

the electrical length of the line(βl) is influenced by the physical length and the propagation 

constant(β). 

The input impedance formula for a transmission line is a fundamental equation governing 

the design of stubs, quarter-wave transformers, and other components. It can be derived 

from equations (2.7) and (2.8) 

The input impedance 𝑍𝑖𝑛 can be expressed as: 

                                                                     𝑍𝑖𝑛 =
V(z)

I(z)
                                         (2.9) 

Substituting equations (2.7) and (2.8) into the input impedance equation gives: 

                                                               Zⅈn =
 Vf e

−γz+Vb e
γz

 I f e
−γz+Ib e

γz              (2.10)       

After simplifying the initial expression for input impedance, we arrive at the following 

equation 

                                                                Zⅈn=Z0
ZL+jZo  tanβl

Z0+jZLtanβl
                  (2.11) 

This formula demonstrates that the input impedance is not fixed but is determined by the 

interplay of the line's characteristic impedance, the load impedance, and the electrical 

length. Understanding this relationship is crucial for designing TL components like stubs, 

quarter-wave transformers, and impedance-matching circuits. Engineers can achieve 

the desired input impedance characteristics by manipulating the load impedance and the 

electrical length of a TL section [3]. 
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2.1.4 Basic TL Components 

In RF and microwave systems, various transmission line components are used to man-

age signal propagation, impedance matching, and filtering. These components include 

coaxial cables, microstrip lines, strip lines, baluns, and couplers, all playing important 

roles in different high-frequency applications. However, this section specifically focuses 

on two key transmission line elements: stubs (both open-circuit and short-circuit) and 

quarter-wave transformers. These components are particularly important for their use in 

impedance matching and filtering, making them fundamental tools in RF design. 

Quarter-wave transformer: A quarter-wave transformer, a specialized type of transmis-

sion line used in impedance-matching applications. It consists of a transmission line sec-

tion with a physical length of one-quarter of the signal’s wavelength, commonly referred 

to as λ/4 or 90 degrees. The quarter-wave transformer is highly effective for matching 

two resistive impedances and minimizing reflections at a specific frequency [26]. 

From the general input impedance formula for a lossless transmission line from equa-

tions (2.11), we can derive the input impedance for a quarter-wavelength transmission 

line, where 𝛽 𝑙 → λ/2 simplifying 𝑡𝑎𝑛𝛽 𝑙 to infinity. This leads to the specific form for the 

input impedance of a λ/4 line: 

                                                                        𝑍𝑖𝑛 =
𝑍0

2

𝑍𝐿
                                      (2.12)    

where: 

 𝑍0 is the characteristic impedance of the transmission line 

 𝑍𝐿   is the load impedance. 

This equation holds importance because it allows us to convert a specific load imped-

ance 𝑍𝐿 into an input impedance 𝑍𝑖𝑛. This method provides a straightforward and efficient 

way to achieve impedance matching between a load and a source. By choosing the 

characteristic impedance 𝑍0  we can design a transmission line section that transforms 

an arbitrary load impedance into a desired impedance. For example, to match a load 𝑍𝐿   

 to a source with an impedance 𝑍𝑖𝑛 = 𝑍𝑠. The quarter-wave transformer's characteristic 

impedance must meet the following requirements: 

                                                                   𝑍0 = √𝑍𝑠𝑍𝐿                                                      (2.13) 
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This equation provides a straightforward method for designing the quarter-wave trans-

former, allowing for the matching of resistive impedances and minimizing signal reflec-

tions at a specific frequency. Figure 4 illustrates a circuit incorporating a quarter-wave 

transformer. 

                     

           Figure 4: Quarter-Wave Transformer Circuit 

Here, the load resistance 𝑅𝐿 and characteristic impedance 𝑍0 are known and real-valued. 

We are dealing with a lossless transmission line of (unknown) characteristic impedance 

𝑍1 and length λ/4. The goal is to align the load to the 𝑍0 line by using the λ/4 section, 

which will ensure that there is no reflection coefficient (𝛤) at the input of the matching 

section. 

The quarter-wave transformer is designed to work optimally at a specific frequency. The 

impedance transformation relies on the transmission line exactly one-quarter wavelength 

long. Any deviation from this frequency will alter the electrical length of the line and dis-

rupt the impedance transformation [27]. Another limitation of the quarter-wave trans-

former is that it cannot perform complex impedance transformations, where both resis-

tive and reactive components are present. This limitation arises because the quarter-

wave transformer is derived from the simplified form of the input impedance equation, 

which assumes purely resistive impedances. For complex impedances, the tangent 

terms in the general input impedance equation introduce reactive components that are 

not accounted for in the λ/4 transformer’s design. 
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Stubs: A stub is a key component in RF design, used primarily for impedance matching 

and tuning circuits. Stubs are short sections of transmission lines that are terminated at 

one end with an open circuit or a short circuit. They are often employed to replace lumped 

components like capacitors and inductors, providing equivalent impedance at a specific 

frequency, which is particularly advantageous at high frequencies where the limitations 

of lumped-element models become evident [3]. 

 A single open-circuited or short-circuited stub is available for connection in parallel or 

series with the main transmission line at a specific distance from the load, as shown in 

Figure 5. This configuration allows for precise control of the impedance matching and 

filtering characteristics of the system [28]. 

                     

 

Figure 5: Single stub tuning circuit (a) Shut stub. (b) Series stub 
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The input impedance formula for a transmission line can be used to directly determine 

the impedance of a stub. 

For an open-circuit stub, | 𝑍𝐿|  → ∞, so the input impedance simplifies to: 
 

                                                                     Zⅈn(z) = −jZ0tan(βl)                                                                       (2.14) 
                       
 
Thus, an open-circuited stub has a purely reactive impedance that varies with its length 

z. When the stub length is λ/4 (a quarter wavelength), the impedance becomes purely 

inductive at high frequencies. This makes open stubs a practical substitute for inductors 

in RF circuits [3]. 

 

For a short-circuit stub, 𝑍𝐿 = 0, and the input impedance becomes: 
 
                                                                            Zⅈn(z) = jZ0tan(βl)                                                                 (2.15)               
                                       
 

Like the open-circuited stub, the short-circuited stub is also reactive but provides a ca-

pacitive equivalent when the stub length is λ/4. At a single frequency, this allows the 

short-circuit stub to replace capacitors in RF designs. 

 

The electrical length of an open or shorted transmission line section directly influences 

its reactive properties. By carefully selecting the length, it's possible to achieve any de-

sired value of reactance or susceptance. Open-circuited stubs are generally preferred 

for microstrip or stripline due to their simpler fabrication process, as they don't require a 

through-hole to the ground plane. However, short-circuited stubs are often chosen for 

coaxial lines or waveguides because open-circuited stubs in these structures can be 

electrically large enough to radiate energy, compromising their purely reactive behaviour. 
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2.2 RF Filter Design 

RF filter design is essential for controlling signal frequencies in communication systems. 

Key considerations include choosing the right filter topology and accounting for compo-

nent value limitations such as tolerances and parasitic effects, which can impact perfor-

mance. As designs advance, direct-coupled filter theory becomes important, offering 

methods to achieve high selectivity and low insertion loss by directly coupling resonators. 

Understanding these principles is crucial for effective high-frequency filter design. 

2.2.1 Basic Consideration 

A circuit designer often needs filters to isolate specific frequency ranges from various 

electrical signals. A low-pass filter allows signals from direct current (dc) up to a cutoff 

frequency 𝜔𝑐 to pass through, blocking higher frequencies. Alternatively, a high-pass 

filter blocks signals below 𝜔𝑐  and allows those above this frequency to pass. When a 

circuit is designed to pass a specific frequency range while blocking others, it is known 

as a bandpass filter, characterized by two cutoff frequencies that define the band. Simi-

larly, a bandstop filter blocks a finite frequency band while passing frequencies outside 

this range. A specialized form of the bandstop filter is the notch filter, which is designed 

to block a single-frequency[10]. Figure 6 summaries their attenuation versus normalized 

angular frequency behavior. 

 

                                       Figure 6: Four basic filter types 
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To simplify the design process, we've introduced a normalized frequency parameter, Ω, 

which is calculated by dividing the angular frequency (𝜔) by the cutoff frequency (𝜔𝑐). 

This normalization applies to all filter types, including bandpass, band-stop, low-pass, 

and high-pass filters. By using Ω, we can develop standardized filter design methodolo-

gies that are more efficient and easier to apply. Figure 7 illustrates the attenuation pro-

files for the binomial (Butterworth), Chebyshev, and elliptic (Cauer) low-pass filters [28]. 

The binomial filter offers a straightforward design process, but it typically requires many 

components to achieve a sharp transition between the passband and stopband. To 

achieve a steeper slope in the frequency response, We can allow some fluctuations, or 

ripples, in the passband attenuation. When these ripples are of consistent magnitude, 

whether in the stopband or passband, the filter is called a Chebyshev filter, as its design 

is based on Chebyshev polynomials. Both binomial and Chebyshev filters demonstrate 

a rising attenuation profile that approaches Ω→ ∞ . Chebyshev filters differ from elliptic 

filters in that they offer steeper transitions between the passband and stopband but have 

ripples in either the passband or stopband. Elliptic filters, on the other hand, achieve the 

steepest possible transitions but introduce ripples in both bands [12]. 

 

 

 Figure 7: Comparing the Attenuation Profiles of Three Low-Pass Filter Types 
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Among the various filter topologies available, the Chebyshev filter was selected for this 

design due to its advantageous characteristics. Chebyshev filters offer a steeper transi-

tion from the passband to the stopband compared to binomial filters, allowing for a more 

compact and efficient design. Additionally, Chebyshev filters permit a controlled amount 

of ripple in the passband, providing a trade-off between flatness and stopband attenua-

tion. This flexibility makes them well-suited for various applications. 

Filters can be constructed using either active components (like transistors or operational 

amplifiers) or passive components (like inductors and capacitors). Active filters offer the 

benefit of amplifying the signal while also filtering it, whereas passive filters are generally 

more cost-effective and easier to design. Additionally, passive filters often demonstrate 

superior performance at higher frequencies. There are two primary methods for synthe-

sizing passive filters: the insertion-loss method and the image parameter method. While 

the image parameter method can effectively design filters with specific passband or stop-

band characteristics, it lacks the flexibility to precisely shape the overall frequency re-

sponse. However, the insertion-loss method provides greater control over the filter's re-

sponse, allowing for a more customized design. To design microwave filters, we will uti-

lize the insertion-loss method. This method enables us to accurately specify the desired 

frequency response and subsequently calculate the required component values. Key 

factors to consider when evaluating filters include: 

Insertion loss: An ideal filter would transmit all signals within its passband without any 

attenuation. However, in practice, filters always introduce some level of power loss. This 

loss, known as insertion loss, is quantified in decibels (dB) and represents the reduction 

in signal power as it passes through the filter. In mathematical terms it states 

                                      IL=10log 
𝑃𝑖𝑛

𝑃𝐿
 = -10log (1-|𝛤𝑖𝑛|2)                                  (2.16) 

      

Where 𝑃𝐿 represents the power delivered to the load, 𝑃𝑖𝑛 is the input power from the 

source, and 𝛤𝑖𝑛 denotes the reflection coefficient observed at the filter's input [12]. 

Bandwidth: The bandwidth of a bandpass filter is the spectrum of frequencies it allows 

to pass through. It's typically measured between the points where the signal level drops 

by 3 decibels (dB) compared to its peak level [7]. 

                                           𝐵𝑊3𝑑𝐵 = 𝑓𝑢
3𝑑𝐵-𝑓𝐿

3𝑑𝐵                                            (2.17) 
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Rejection: An ideal filter would completely block unwanted frequencies. However, real-

world filters have limitations due to the number of components used. In practice, a rejec-

tion level of 60 decibels (dB) is often considered acceptable. 

Shape factor: The sharpness of a filter's response is calculated by comparing its band-

width at 60 decibels (dB) to its bandwidth at 3 decibels [31]. 

Return Loss: When the load is not matched, some of the power from the generator is not 

delivered to the load. This "loss" is referred to as return loss (RL), and it is defined (in 

dB) as 

                                                                𝑅𝐿 = −20 𝑙𝑜𝑔|𝛤| ⅆ𝐵                                             (2.18) 

A matched load ( 𝛤= 0) leads to an infinite return loss (∞ dB), indicating no power is 

reflected. In contrast, complete reflection ( |𝛤|= 1) produces a return loss of 0 dB, mean-

ing all the incident power is reflected. It's important to note that return loss is always a 

non-negative value when dealing with reflections in a passive network [3]. 

2.2.2 Component Value Limitation 

Filters are fundamental to electronic circuits, serving as crucial components that shape 

and control the flow of electrical signals. In the field of radio frequency (RF) and micro-

wave (μW) applications, where signals oscillate at extremely high frequencies, the de-

sign of filters becomes particularly challenging due to the need for high-performance 

components. Among these components, inductors often present significant limitations. 

Inductors are essential for introducing inductance into circuits, a property that is vital for 

filtering purposes. However, inductors are prone to various types of losses, including 

ohmic losses (due to the resistance of the inductor's wire) and magnetically induced 

losses (resulting from energy dissipation within the inductor's core). These losses can 

significantly degrade the performance of inductors, limiting their quality and ultimately 

affecting the overall performance of the filter[13], [14]. The self-resonance of inductors 

can limit their effective frequency range, making them unsuitable for certain applications 

beyond a particular frequency. The self-resonant frequency (SRF) of an inductor is de-

scribed as a limit on how high a frequency it can be used. The quality (Q) of the inductor 

affects how much power is lost in the filter it's part of, and the SRF affects the range of 

frequencies the filter can handle [15]. Capacitors also suffer from parasitic inductance at 

high frequencies, which affects the overall filter performance. As a result, designers must 

carefully choose components with appropriate values and high Q-factors, which indicate 

low energy losses and better performance at the desired frequency range. 
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Another challenge in RF filter design is the availability of standard component values. 

While simulations may suggest precise component values, real components are only 

available in discrete standard values, leading to deviations from the ideal design. This 

discrepancy necessitates iterative tuning, where designers adjust component values and 

re-optimize the circuit to achieve the desired performance. Component tolerances can 

cause variations in filter characteristics. Even small deviations in component values can 

significantly change the filter's response, especially in narrowband applications. There-

fore, designers must account for these tolerances during the design phase, often by 

choosing components with tighter tolerance specifications, which can be more expensive 

and harder to source. Understanding these limitations and their impact on filter perfor-

mance is essential for developing effective RF designs [11]. 

2.2.3 Direct Coupled Filter Theory 

In 1957, Cohn's work revolutionized the design of filters for microwave signals [16]. His 

method made it much easier to create filters that connect resonators directly to each 

other. To create bandpass filters with a narrow frequency range at high frequencies, we 

need to use high-quality resonators that are loosely connected. Figure 8 shows examples 

of these types of filters, using different components like lumped elements, waveguides, 

and strip transmission lines. The more resonators we use, the steeper the filter's edges 

become. The ability to design filters with any number of resonators is important for 

achieving the desired frequency response. Traditional design methods for filters with 

wide bandwidths (greater than 1%) often lack accuracy. A novel approach has been in-

troduced that significantly improves the design precision of direct-coupled resonator fil-

ters, especially those using waveguides or transmission lines. This advancement ena-

bles the creation of filters with bandwidths up to 20% of the guide wavelength for wave-

guide filters or 20% of the frequency for TEM-mode transmission-line filters [16]. 
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Figure 8: Direct coupled-resonator filters of various constructions (a) Lumped Constant, 
Series Capacitive Coupling; (b)Lumped Constant, Mutual Inductive Coupling; (c) 
Lumped constant, Shunt Inductive Coupling; (d)Waveguide; (e) Strip Transmission Line 
[16]. 

 

There is a general theory given for designing direct coupled-resonator filters. There are 

two ways to make these filters. In one way, we use waveguides with metal plates to 

create cavities that are about half a wavelength apart. These cavities are connected us-

ing special waveguide sections that are a quarter wavelength long. In the other way, the 

cavities are connected directly to each other. The first method allows us to adjust each 

cavity before putting them together, and the size of the connecting pieces isn't very im-

portant. The second method is smaller, has fewer parts, and can work over a wider range 

of frequencies [17]. 

2.3 Small Signal Amplifier for Maximum Gain 

In RF and microwave systems, small signal amplifiers play a crucial role in boosting weak 

signals to a level that ensures reliable transmission and processing. stability throughout 

the frequency range where the transistor can provide amplification. The primary objective 

is to optimize the amplifier for maximum power gain while ensuring its absolute stability 

throughout the frequency range where the transistor can provide amplification. 
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2.3.1 Unconditional Stability  

RF amplifiers have the tendency to start oscillating and thus ensuring that this will not 

happen for an amplifier is a crucial part of RF amplifier design. Generally, stability refers 

to an amplifier's ability to avoid oscillation. In many applications, ensuring stability be-

yond the amplifier’s intended operating band is crucial. If an amplifier oscillates at any 

frequency, it can draw more power, causing increased heat dissipation and potentially 

damaging the active components within the circuit. Over time, the oscillation amplitude 

can increase, pushing the active device into saturation mode. This can lead to damage 

to the device itself or any connected equipment [18]. Moreover, the output spectrum 

would contain unwanted frequency components. 

Two-port networks can be either unconditionally stable or potentially unstable. This net-

work will never oscillate, regardless of the passive load or source connected to it at any 

frequency. On the other hand, a potentially unstable network is only stable within certain 

frequency ranges and may oscillate with specific load or souce terminations. Often the 

designer's primary objective is to achieve unconditional stability. While it can be difficult 

to find an active device that is unconditionally stable at all frequencies, the stabilization 

techniques discussed in the following sections can help achieve this [7]. 

Imagine a two-port network with a load 𝑍𝐿 attached to its output, as shown in Figure 9. A 

voltage source 𝑉𝑆 with an internal resistance 𝑍𝑆 is connected to the input. The input and 

output ports reflection coefficients are denoted by 𝛤𝑖𝑛 and 𝛤𝑜𝑢𝑡 , respectively. 

To ensure unconditional stability at a specific frequency, these conditions must be met: 

                                                                       |𝛤𝑆|  < 1                          (2.19)                       
                 

                                                        |𝛤𝐿|  < 1                   (2.20) 
                    

                                                                |𝛤𝑖𝑛| = |𝑆11 +
𝑆21𝑆12 𝛤𝐿

1−𝑆22 𝛤𝐿
|< 1    (2.21) 

                   

                                                  |𝛤𝑜𝑢𝑡| = |𝑆22 +
𝑆21𝑆12 𝛤𝑆

1−𝑆11 𝛤𝑆
|< 1      (2.22)      

            

According to the equations (2.19) and (2.20), the stability of a two-port network rely on 

the load reflection coefficient 𝛤𝐿, source reflection coefficient 𝛤𝑆, and S-parameters. Since 

S-parameters are defined for a single frequency (as discussed in Section 2.1), the sta-

bility of the two-port network is primarily influenced by 𝛤𝐿, and 𝛤𝑆. The interaction of these 

reflection coefficients defines whether the network is unconditionally stable or potentially 

unstable. 
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Figure 9: A schematic of a two-port network with a voltage source and a load 

 

The stability of the two-port network is determined by the following factors: µ (Mu), µ* 

(Mu-prime), and Rollett stability factor k [7]. These are determined using the S-parame-

ters. Based on  the Rollett stability criterion, the two-port network is unconditionally stable 

if both 

                                                               k =
1−|S11|2− |S22|2+|𝛥|2

2|𝑆21 𝑆12|
 > 1                                   (2.23)

         

                                               and 𝛥 = |𝑆11𝑆22-𝑆12𝑆21| < 1                        (2.24)

               

are satisfied. The stability of a two-port network depends on load and source reflection 

coefficients. Stability factors, calculated from S-parameters, determine if it’s uncondition-

ally stable or potentially unstable. There might be other similar conditions to assess sta-

bility[19], [20]. The full derivation of the Rollett condition, k>1, can be found in [7]. 

The µ and µ* parameters, considered to be the load stability factor and source stability 

factor, respectively, are utilized to assess the stability of a two-port network using its S-

parameters. For the network to be unconditionally stable, the following criteria must be 

satisfied: 

                                                          𝜇 =
1−|𝑆11|2

|𝑆22−𝑆11
∗ (𝑆11𝑆22−𝑆12𝑆21)|+|𝑆21 𝑆12|

> 1                        (2.25) 
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and  

                                                          𝜇∗ =
1−|𝑆11|2

|𝑆11−𝑆22
∗ (𝑆11𝑆22−𝑆22𝑆22)|+|𝑆21 𝑆12|

> 1                        (2.26)

              

To evaluate the stability of a two-port network, either the 𝜇 or 𝜇∗  factor is sufficient. In 

simple term, a two-port network is unconditionally stable if 𝜇 is greater than 1 or 𝜇∗ is 

greater than 1. If both 𝜇 and 𝜇∗ are less than or equal to 1, then the two-port network is 

potentially unstable [32]. 

2.3.2 Simultaneous Complex Conjugate Impedance Matching 
Principle 

Once the transistor's stability analysis is analyzed and the stable region for 𝛤𝑆 and  𝛤𝐿 are 

identified on the Smith chart, the input and output matching networks can be designed 

accordingly. The amplifier reaches its optimal gain when the source or load impedance 

perfectly matches the transistor [26].If there is an impedance mismatch, a portion of the 

power available at the amplifier's output will be reflected. Consequently, the power gain 

of an amplifier can be expressed in at least three distinct ways, as outlined below [10]: 

            transducer power gain, GT =
PL

Pavs
 =  

power delⅈvered to the load

power avaⅈlable from the source
                      (2.27)                              

              operating power gain,   GP =
PL

Pin
 =   

power delⅈvered to the load

power ⅈnput to the network
                         (2.28)                                        

            operating power gain,  GA =
Pavn

Pavs 
=  

power avaⅈlable from the network

power avaⅈlable from the source
                    (2.29) 

where Pavs  is the power available from the source, Pⅈn the power input to the network, 

Pavn the power available from the network, and PL the power delivered to the load. There-

fore, the transducer power gain will be equal to that of the operating power gain if the 

input reflection coefficient 𝛤𝑖𝑛is the complex conjugate of the source reflection coefficient 

𝛤𝑆. That is, 

                                                                     𝑃𝑎𝑣𝑠 = 𝑃𝑖𝑛  ⟺  𝛤𝑖𝑛 = 𝛤𝑠
∗                                 (2.30) 

         

For the available power gain to match the transducer power gain, the following conditions 

must be met at the output port. 

                                                                      𝑃𝑎𝑣𝑛 = 𝑃𝐿 ⟺  𝛤𝐿 = 𝛤𝑜𝑢𝑡
∗                                  (2.31) 
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These conditions from equations (2.30) and (2.31) will maximize the transducer gain, 

which is given by 

                                                              𝐺𝑇 =
|𝑆21|2(1−|𝛤𝑆|2)(1−|𝛤𝐿|)2

|1−𝛤𝑆𝛤𝑖𝑛|2|1−𝑆22𝛤𝐿|2                                  (2.32) 

         

The maximum transducer power gain as shown in (2.32) is achieved when the source 

and load are conjugately matched to the transistor, as specified by the conditions of 

(2.30). If the transistor is unconditionally stable, so that K > 1, the maximum transducer 

power gain of (2.32) can be simplified to the following expression [3]: 

                                                             𝐺𝑇𝑀𝑎𝑥
=

|𝑠21|

|𝑠12|
[𝑘 − √𝑘2 − 1]             (2.33) 

The maximum gain is not a useful metric when the device exhibits only conditional sta-

bility. This limitation arises because it is impossible to achieve simultaneous matching of 

both the source and load to the transistor when K < 1. In such scenarios, the maximum 

stable gain is a more relevant figure of merit, defined as the highest transducer power 

gain indicated by equation (12.33) when K = 1. Thus, 

                                                                      𝐺𝑇𝑚𝑠𝑔
=

|𝑠21|

|𝑠12|
                                  (2.34) 

        

2.3.3 Non-Linearities in Amplifiers 

Amplifiers that exhibit a nonlinear relationship between their input and output signals are 

classified as nonlinear amplifiers. When the input signal amplitude surpasses a specific 

threshold, the amplifier can enter a saturation region, where the output response devi-

ates from a linear relationship. Nonlinear device characteristics can introduce undesira-

ble effects, including gain compression and the generation of spurious frequencies. 

These effects can lead to higher losses, signal distortion, and interference with other 

radio channels. 

Some of the potential consequences of nonlinearity in RF and microwave circuits include: 

 Harmonic generation  

 Saturation  

 Intermodulation distortion   

 Cross-modulation   

 AM-PM conversion   
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We will limit our analysis to gain compression and intermodulation distortion in this re-

search. 

The 1-dB Compression Point: 

The 1 dB compression point is a very vital design consideration in RF amplifiers, usually 

characterizing the level of output power beyond which amplifier gain starts to decrease 

considerably. Increased input powers drive an amplifier into nonlinear regions character-

ized by gain compression, distortion, and inefficiency. For this reason, testing and meas-

urement of the correct level of the 1 dB compression point becomes crucially necessary 

in the linearity test and establishment of the maximum signal that would be usable 

[7]. Figure 10 illustrates the relationship between the input and output powers of an am-

plifier. This relationship is crucial for understanding the amplifier's gain characteristics. 

 

             

    Figure 10: Relationship Between Input and Output Powers for Amplifier Gain 

Knowing either the input or output 1-dB power level makes it possible to calculate the 

other using a straightforward equation. This equation connects the input power, output 

power, and gain of the amplifier. 

                                                    𝑃𝑜(−1𝑑𝐵)= 𝑃𝑖(−1𝑑𝐵)+ (Gain − 1)                           (2.35)                        

The 1-dB compression point is an indicator of an amplifier's capacity to process high-

power signals with minimal distortion. It's expressed in dBm, which is a unit of power. 

For example, if an amplifier's specified 1-dB compression point (Po(-1dB)) is +5 dBm, it 
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means it can deliver at least +5 dBm of output power before the signal starts to become 

distorted [18]. 

Third Order Intercept Point: 

Nonlinear systems can produce intermodulation distortion (IMD) when the harmonics 

generated by the system are connected to the fundamental frequencies of the input sig-

nal. IMD arises when the harmonics created by a nonlinear system interact with the car-

rier signal, other harmonics, IMD products from previous stages, or spurious responses 

from sidebands. This interaction can result in IMD products appearing within the desired 

frequency range or causing interference from out-of-band frequencies with the in-band 

signal. Unlike harmonic distortions, IMD occurs when two unmodulated harmonic signals 

with slightly different frequencies are applied to an amplifier, and the output is analyzed, 

as illustrated in Figure 11 [12]. 

 

 

           Figure 11: Observing Intermodular Distortion in an amplifier 

 

Due to the 3rd-order nonlinear behaviour of the amplifier, the input signals 𝑃𝑖𝑛(𝑓1) and 

𝑃𝑖𝑛(𝑓2) not only produce the expected output signals 𝑃𝑜𝑢𝑡(𝑓1)  and 𝑃𝑜𝑢𝑡(𝑓2)   but also 

generate additional frequencies 𝑃𝑜𝑢𝑡(2𝑓1 − 𝑓2)   and𝑃𝑜𝑢𝑡(2𝑓2 − 𝑓1) . The difference in 

power (in dBm) between the desired output signals and the undesired additional frequen-

cies is called intermodulation distortion (IMD) and that is 

                                       𝐼𝑀𝐷(d𝐵)= 𝑃𝑜𝑢𝑡(𝑓2)(ⅆ𝐵𝑚)- 𝑃𝑜𝑢𝑡(2𝑓2 − 𝑓1) (ⅆ𝐵𝑚)                      (2.36) 
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Third-order intermodulation products are minimal at low input power levels but increase 

significantly as input power increases. Figure 12 illustrates the correlation between input 

power and output power for a nonlinear amplifier, displaying the output power of both the 

first- and third-order products on a log-log scale (or in dB) [3]. In the linear region, the 

output power of the fundamental frequency product increases linearly with input power, 

and hence, exhibits a slope of 1 [33]. Correspondingly, the output power of the third-

order products increases more rapidly than that of the first-order products with a slope 

of 3. 

Due to compression effects at higher input powers, both the fundamental and third-order 

responses will eventually deviate from their ideal linear behaviour. However, by extend-

ing the linear portions of these responses (using dotted lines in the figure), we can de-

termine their intersection point. This hypothetical intersection point is known as the third-

order intercept point (IP3). 

 

 

       Figure 12: Input power vs output power for a non-linear amplifier 

The third-order intercept point (IP3) is defined as either the input power level (IIP3) or 

the output power level (OIP3). These two metrics are directly related: OIP3 is simply the 

gain (G) of the amplifier or mixer multiplied by IIP3. To get the most meaningful repre-

sentation of an amplifier or mixer's linearity, IP3 is typically evaluated at the input for 

mixers and output for amplifiers. This convention ensures a more accurate picture of the 
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device's performance. Figure 14 demonstrates that IP3 appears at a higher power level 

than the 1 dB compression point (𝑃1𝑑𝐵). In numerous practical components, IP3 is typi-

cally 10 to 15 dB higher than 𝑃1𝑑𝐵, when both are measured at the same point (either 

input or output) [3]. This relationship emphasizes the connection between the amplifier's 

linearity and its capacity to handle higher input power levels without significant distortion. 



29 
 

3. DESIGN METHODOLOGY 

This chapter covers the design procedures for the small signal amplifier, bandpass filter, 

and filter amplifier. The operating frequency of the designed amplifier is 2.45 GHz. The 

amplifier's design was simulated and optimized using the Advanced Design System 

(ADS) software. 

3.1 Design Specification of Small Signal Amplifier 

Amplifiers are typically classified based on the size of the input signal. Large signal am-

plifiers handle large swings in signal voltage. In contrast, small signal amplifiers, like the 

one designed in this project, are intended for signals with minimal variations around a 

steady bias level. Due to this limited operating range, small signal analysis focuses on 

the linear region of the amplifier's characteristics. 

The desired specifications for the small signal amplifier are as follows: 

 Gain > 15 dB 

 Bandwidth: 100 MHz from 2.4 to 2.5GHz 

 Used lumped components for matching network 

3.1.1 Transistor selection and dc bias 

The transistor technologies most found in RF amplifier designs are BJTs and FETs [22]. 

The manufacturing technique and internal configuration significantly influence a transis-

tor's performance. The operational frequency range for BJTs typically extends up to 4 

GHz, whereas FETs are better suited for higher frequencies [7]. Given the emphasis on 

economical design rather than ultra-high-frequency capabilities, BJTs were the transistor 

technology of choice for this project. After evaluating several transistors, the Infineon 

BFP420 was selected for designing the BPF-LNA due to its following features: 

For high gain and low noise amplifiers 

 For oscillators up to 10 GHz 

 Low Cost 

 Qualified for industrial applications according to the relevant tests of JEDEC47/20/22 

Transistor circuits need a steady voltage (DC bias) to operate correctly. This voltage sets 

the transistor's starting point, known as the quiescent point. Furthermore, this bias volt-
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age must remain stable across various temperatures to maintain consistent circuit oper-

ation. To ensure the amplifier functions correctly, biasing circuits must be designed so 

that they do not significantly impact the amplifier's gain, noise, or linearity.  

The BFP420 transistor exhibits a DC current gain ℎ𝐹𝐸 that varies significantly, ranging 

from 60 to 130. This wide range complicates the precise determination of a suitable DC 

bias current. Moreover, the BFP420's current gain is influenced by collector current (Ic) 

and collector-emitter voltage (Vce). Based on the BFP420 datasheet [23], a collector 

current of 20mA and a collector-emitter voltage of 2V were found to yield optimal gain. 

The circuit diagram illustrating the DC bias configuration is presented in Figure 13. 

 From the curve tracer, we can see that the measured value of ℎ𝐹𝐸  is equal to 90. A 

resistor network has been used to find these specifications and for stability purposes. 

The resistor values used in voltage feedback bias circuit are determined using Ohm's 

law and with 𝑣𝐶𝐸 and 𝐼𝑐. Two capacitors have been used for DC blocking. The purpose 

of a DC block capacitance in an RF circuit is to allow the passage of AC signals while 

blocking any DC bias or offset. The collector current is supplied to the transistor via a DC 

feed, which is an inductor. The inductor blocks the RF signal from reaching the power 

supply while allowing DC current to pass through to the collector terminal of the transis-

tor. 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 13: Schematic of the small signal amplifier. The descriptions and optimized val-
ues of each component are summarized in Table 1. 
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Manufacturing inconsistencies lead to variations in the transistor's current gain between 

different production units. As a result, precise prediction of the ideal bias current through 

simulation is challenging. To compensate for this, the bias current may need to be ad-

justed during the prototype phase to achieve optimal performance. 

Table 1: List of lumped components used for small signal amplifier 

Component Simulated Optimized Package Purpose 

R1  50 Ω 47 Ω 0603 DC bias 

R2 390 Ω 390 Ω 0603 DC bias 

R3 850 Ω 820 Ω 0603 DC bias 

R4 5100 Ω 5100 Ω 0603 DC bias 

R5 2200 Ω 2200 Ω 0603 Stability 

C1 1pF 1pF 0603 DC block 

C2 1pF 1pF 0603 DC block 

 

3.1.2 Stability 

Several design approaches can be pursued once the transistor and DC bias current have 

been established. The following phase in the design process involves ensuring the tran-

sistor is unconditionally stable. A stabilization network was implemented following the 

design methodology outlined in the reference [7] to ensure amplifier stability. This ap-

proach involves incorporating resistors at the transistor's input or output terminals. Figure 

14 indicates that a degree of stability is observed beyond 1.6 GHz, although the goal is 

to achieve unconditional stability across the entire frequency spectrum. 
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     Figure 14: Simulated stability factor Mu1 is potentially unstable up to 1.6 GHz 

To ensure unconditional stability in the amplifier, a high-value resistor can be connected either in 

series with the input or in parallel with the output of the transistor. In this design, a 2200-ohm 

resistor was placed in parallel with the collector terminal, as shown in Figure 15. This configuration 

effectively stabilized the amplifier across the entire frequency band from DC up to 8 GHz.

 

Figure 15: Simulated stability factor Mu1 is unconditionally stable through 8 GHz 
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3.2 Design Specifications of BPF 

In this section, the design procedure of BPF will be described step by step. 

3.2.1 Design of Chebyshev Filter 

Various topologies can be employed in the design of Chebyshev filters, each with its 

unique characteristics and benefits. After careful consideration, I have selected the di-

rectly coupled shunt capacitor topology for my design. This choice was driven primarily 

by the practicality of the component values it requires. Unlike other topologies, which 

often yield component values that are impractical or difficult to realize in a physical circuit, 

the directly coupled shunt capacitor topology offers realistic and feasible values for in-

ductors and capacitors. This makes it easier to implement and ensures better accuracy 

and performance consistency in the final filter design. Therefore, this topology was 

deemed the most suitable for Chebyshev filter implementation. 

Our design process began by following the 3rd order bandpass filter design methodology 

outlined in Pozar's book[3], which employs a conventional, Series First topology. We 

implemented this design in ADS and validated it using an S2P file. To develop the Che-

byshev bandpass filter, we utilized the LC Filter Design Tool provided by Marki Micro-

wave, accessible at [24]. This tool enabled us to accurately calculate the component 

values necessary to meet the desired filter specifications, ensuring precision and effi-

ciency throughout the design process. 

In the design process, the specifications for both the 3rd order and 2nd order Chebyshev 

bandpass filters remained consistent, with only the order and filter topology differing be-

tween the two. For the 3rd-order Chebyshev filter, a conventional "Series First" topology 

was used, while the 2nd-order Chebyshev filter adopted a "Direct-coupled Shunt Capac-

itor" topology. Despite these structural differences, the filters shared the same key design 

parameters, including a bandpass response type, cutoff frequencies from 2350 MHz to 

2550 MHz, 0.5 dB passband ripple, and an input/output impedance of 50 Ω. The com-

ponent values in both designs were calculated with precision, but the 2nd order filter 

introduced a direct-coupled inductor with a value of 2.2 nH, offering a simpler, more 

practical implementation. 

For a comprehensive comparison, the reflection coefficient and the gain data for both 

filters are presented in figure 16, allowing for a visual comparison of their performance 

characteristics. Here S (1,1) and S (2,1) indicate the third order and S (3,3) and S (4,3) 

indicate the second order filter. The original diagrams are also presented here with com-

ponent values illustrated in ADS in Figure 17. 
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                  Figure 16: Reflection coefficient and the gain of both Filter  

 

 

                                                                    (a) 

 

                                                                   (b) 

               Figure 17: Schematic of (a) 2nd order (b) 3rd order LC circuit 

 

While the 3rd-order filter's response was satisfactory in terms of performance, the spe-

cific component values derived from this topology were impractical for real-world imple-

mentation. This impracticality highlighted that continuing with this 3rd-order topology 

would not be a viable path forward, as it could not be effectively realized with available 
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components. Recognizing this limitation, we shifted our focus toward optimizing a 2nd-

order Chebyshev filter. Through this optimization process, we not only achieved a better 

balance between performance and practicality but also adopted a direct-coupled shunt 

capacitor topology. The component values obtained in this configuration were much 

more realistic and achievable, thereby making the design significantly more viable for 

practical application. 

Moreover, the performance metrics of the 2nd-order Chebyshev filter, specifically the 

insertion loss and return loss, were highly promising. These metrics indicated that the 

optimized 2nd-order design not only met the desired specifications but did so with en-

hanced performance. This successful optimization demonstrates that the 2nd-order to-

pology, with its more feasible component values and improved metrics, is a superior 

choice for implementation. 

To ensure better performance and account for the availability of components, we opti-

mized the initial design values obtained from the Marki Microwave LC Filter Design Tool 

[24]. The adjustments were made while maintaining the filter's key performance param-

eters, including bandwidth and impedance matching, and ensuring practical feasibility 

for real-world applications. The initial and optimized component values are presented in 

the table below: 

Component Initial value Optimized value 

C1 4.877 pF 4.7pF 

C2 3.574 pF 3.3pF 

L2 2.2 nH 2.2nH 

C3 19.62 pF 18pF 

C4 3.574 pF 3.3pF 

L4 2.2 nH 2.2nH 

C5 4.7 pF 4.7pF 

Table 2: Initial and Optimized Component Values for the 2nd-Order Chebyshev Band-

pass Filter Design 
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3.2.2 Design with Lumped Components 

The design of a 2nd order Chebyshev bandpass filter involves carefully selecting and 

calculating lumped components to meet the specified performance criteria. The lumped 

components, including inductors and capacitors, are chosen to ensure the filter exhibits 

the desired frequency response, bandwidth, and ripple characteristics. This section de-

tails the process, and considerations involved in the design of the filter using lumped 

components.  

The schematic of the 2nd-order Chebyshev bandpass filter is illustrated in Figure 18. 

Series resonators offer a very low impedance at the target bandwidth (2.4-2.5 GHz), 

allowing the signal to pass through easily. A 2nd order filter design was chosen for this 

band-pass filter. While higher-order filters offer a sharper and flatter response, they also 

come with drawbacks. More components lead to increased insertion loss (signal attenu-

ation) and a more complex circuit with larger physical dimensions. However, simulations 

of the standalone filter circuit yielded promising results with good input reflection coeffi-

cient (S11) and forward transmission (S21) characteristics within the desired band which 

will be discussed in the results and simulation section. This filter will be subsequently 

integrated with a small signal amplifier using a matching network for optimal perfor-

mance. 

 

 

 

 

 

 

 

Figure 18: Schematic illustrating the band-pass filter design using lumped components 
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3.2.3 Design with Distributed Components 

The frequency of operation primarily drives the transition from lumped to distributed com-

ponents. At higher frequencies, such as in the GHz range, lumped components like ca-

pacitors and inductors become less effective due to parasitic effects, such as self-reso-

nance, losses, and non-ideal behaviour. These parasitic arise because the physical size 

of lumped components approaches the wavelength of the signal, leading to inaccuracies 

in their intended behaviour. As a result, the assumptions made in circuit theory for 

lumped elements break down. A critical modification was made to transition from a 

lumped component approach to a distributed component approach. Specifically, two ca-

pacitors originally part of the lumped component design were replaced with transmission 

line stubs in the distributed component filter design. To replace parallel capacitors with 

open stubs, we follow the impedance transformation principles. Parallel capacitors have 

capacitive reactance 𝑋𝑐 which can be matched by an open stub with an appropriate elec-

trical length L. Using the open-stub formula (2.14), the length of the stub is chosen so 

that, at the operating frequency, the stub presents the same reactance as the original 

capacitor. This ensures that the open stub provides an equivalent impedance, making it 

an effective replacement for the capacitor in the circuit. 

The replacement involved careful consideration of the stub length and characteristic im-

pedance to ensure that the stubs provided the equivalent reactance to the original ca-

pacitors at the operating frequency. The design process included calculating the required 

electrical length and impedance of the stubs, followed by simulation and optimization 

using ADS to confirm that the stubs provided the necessary filtering characteristics with-

out introducing unwanted resonances or reflections. The schematic of the 2nd-order 

Chebyshev bandpass filter using distributed components is illustrated in Figure 19. 
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Figure 19: Schematic of the band-pass filter using distributed components 
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3.3 Implementation of the Filtering Amplifier 

3.3.1 Design of Filtering Amplifier 

This section presents a novel approach to amplifier design that deviates from the tradi-

tional architecture. Unlike conventional designs that separate amplifiers, matching net-

works, and filters, this new method integrates the amplifier and filters, eliminating the 

need for dedicated input and output matching networks for the transistor. 

In the design process of the filtering amplifier, the initial step involves establishing a foun-

dation that ensures the amplifier is thoroughly stabilized. Once stabilization is achieved, 

the next critical task is to measure the simultaneous complex conjugate matched termi-

nations for the source and load, denoted as ZmS and ZmL, respectively. These param-

eters are essential for optimizing the amplifier's input and output matching networks. The 

values of the simultaneous complex conjugate matched terminations for the source 

(ZmS) and the load (ZmL) are shown in the following picture. 

 

Figure 20: Simultaneous complex conjugate matched terminations for the source (ZmS) 
and load (ZmL) values. 

For this design, we utilize two bandpass filters—one placed at the input of the amplifier 

and the other at the output. The role of these filters is to refine the signal by allowing only 

the desired frequency range to pass through while attenuating unwanted frequencies. 

The correct placement and impedance matching of these filters are crucial for the ampli-

fier's overall performance. 
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Starting with the input stage, the bandpass filter needs to be inserted between the 50-

ohm RF source and the input DC blocking capacitor (see Figure 4). This configuration 

requires careful impedance transformation so that the input impedance of the filter 

(Zin_Filter) is adjusted to match ZmS at the node where it connects to the input DC 

blocking capacitor. Achieving this impedance match is vital because it ensures maximum 

power transfer from the source to the amplifier, minimizing reflections and signal loss. 

To accomplish the impedance transformation from Zin_Filter to ZmS, we utilize the Smith 

chart for visualizing and designing impedance-matching networks. By plotting the imped-

ances on the Smith chart, we can determine the necessary components—such as induc-

tors, capacitors, or transmission lines—that need to be added in series or parallel with 

the filter to achieve the desired impedance transformation. Impedance matching was 

achieved using the RFdude Smith Chart program [25]. This tool facilitated visualization, 

design, and component calculation for the matching networks. 

This process is then repeated for the output stage of the amplifier. The second bandpass 

filter is inserted between the stability resistor and the 50-ohm load. The objective is to 

ensure the filter exhibits an impedance that matches ZmL at the node connected to the 

stability resistor. Again, the Smith chart is employed to design the necessary impedance 

transformation, ensuring that the output impedance of the filter aligns with ZmL. 

By carefully designing and implementing these impedance transformations at both the 

input and output stages, we ensure that the amplifier operates efficiently within the de-

sired frequency band, with optimal power transfer and minimal signal degradation. This 

methodical approach to filter amplifier design, involving complex conjugate matching and 

the use of Smith charts, forms a critical component of achieving a high-performance am-

plifier that meets the specified design criteria. The ADS simulation of the Filter-Amplifier 

schematic is shown in Figure A.1 in Appendix A. 
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3.3.2 Layout Design 

The layout design for our circuit was meticulously developed from the initial schematic 

using Advanced Design System (ADS) software. The process of creating the layout was 

strategically divided into two distinct phases to ensure both the functionality and stability 

of the circuit, particularly given the complexity of the design and the critical nature of the 

amplifier's performance. 

In the first phase, our primary focus was on the amplifier, which is central to the circuit's 

overall operation. Due to the high number of components involved and the crucial im-

portance of maintaining amplifier stability, we decided to isolate the amplifier in this initial 

stage. This allowed us to rigorously test its performance in isolation, free from potential 

interferences or loading effects that might arise from other circuit elements. Once the 

amplifier was thoroughly tested and its performance deemed satisfactory, we proceeded 

to the second phase, which involved designing and testing the input and output filters. 

These filters were also tested separately to verify their performance characteristics and 

to ensure that they would not introduce any unwanted effects when combined with the 

amplifier. This step was crucial as any deficiencies in the filter design could compromise 

the overall performance of the circuit. 

After confirming that both the amplifier and the filters met our performance criteria, we 

proceeded to integrate these individual components into a complete circuit layout. The 

final layout was then subjected to comprehensive testing to ensure that the entire system 

functioned as intended. This systematic approach not only facilitated the identification of 

any potential issues but also allowed us to optimize the layout, minimizing the risk of 

instability or performance degradation. The result is a robust and reliable circuit design 

that meets our project specifications. For a visual representation of the layout, please 

refer to Figure 21, while Figure 22 provides a photograph showcasing the complete as-

sembled circuits. 

 

 

 

 

 

 

 



42 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

                                      Figure 21: Top Layer of the Layout 

  

 

Figure 22: Photograph of the prototype filtering amplifier  
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4. RESULTS AND DISCUSSION 

4.1 Measurement of Small Signal Amplifier 

The measurements were conducted in the RF Laboratory at Tampere University. The 

measured and simulated input and output reflection coefficients of the amplifier are de-

picted in Figure 23. As shown in Figure 23, both the measured and simulated results 

exhibit an input and output return loss below 15 dB. The component values were fine-

tuned for optimal performance. Figure 24 compares the measured and simulated gains 

of the amplifier, showing a discrepancy of 2 dB between the two. Figure 25 demonstrates 

the unconditional stability of the amplifier from 0 to 8 GHz, as indicated by the measured 

and simulated stability factor µ (Mu1). 

 

 

 

 

 

 

 

 

 

 

 

Figure 23: Measured and Simulated input and output reflection coefficient of the ampli-
fier versus frequency. 
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  Figure 24: Measured and Simulated gain of the amplifier versus frequency. 

 

Figure 25: Measured and simulated stability factor µ of the amplifier versus frequency. 
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1-dB compression point measurement: 

To identify the 1dB compression point, we need to focus on the S21 parameter, which 

represents the forward transmission (gain). The 1dB compression point occurs where 

the gain of the device (S21) drops by 1dB from its linear (small signal) value as the input 

power increases. Figure 26 shows Gain vs. Input Power, with the 1dB compression point 

indicated. 

 

 

  Figure 26: Gain vs. Input Power, with the 1dB compression point indicated 

As observed in the plot, the device demonstrates linear behaviour at lower power levels, 

maintaining a relatively constant gain of approximately 11.12dB. This indicates that the 

amplifier operates efficiently within this range, allowing for predictable performance. 

However, at an input power level of 3.57 dBm, the gain begins to decrease, dropping by 

1dB from its small-signal value. This point of reduction in gain marks the 1dB compres-

sion point, signifying the onset of non-linear operation. Beyond this threshold, the de-

vice’s output becomes increasingly distorted, leading to less reliable amplification for 

higher input power levels. 
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Output Third-Order Intercept Point (OIP3) measurement: 

One of the critical performance metrics for evaluating amplifier linearity is the Output 

Third-Order Intercept Point (OIP3), which indicates how well the amplifier handles inter-

modulation distortion, which has been discussed previously in section 2.3.3 

The measured OIP3 at 2.45 GHz was found to be 17 dBm, as shown in Figure 27. This 

reduction in OIP3 (5 dB lower than the datasheet value) can be attributed to the higher 

operating frequency, as nonlinearity tends to increase at higher frequencies due to fac-

tors such as parasitic capacitance and signal losses within the circuit. Additionally, the 

layout and design of the matching networks can influence the linearity at different fre-

quencies. 

Despite the lower OIP3, the amplifier's linearity performance is still considered adequate 

for applications in the 2.45 GHz ISM band, ensuring acceptable signal integrity and min-

imizing distortion in wireless communication systems. Future design optimizations could 

explore improving the OIP3 by adjusting component values or exploring alternative 

matching network designs to mitigate the performance drop at higher frequencies. 

 

 

               Figure 27: Illustration of Third-Order Intercept Point (OIP3) 
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4.2 Measurement of BPF 

In this section, we discuss the measurement and simulation results of the bandpass fil-

ters used in our design. Two bandpass filters were evaluated—designated as the input 

filter and the output filter. Although both filters share an identical design, they were posi-

tioned at different stages of the circuit and, therefore, their performance was analyzed 

separately to ensure consistent operation throughout the system. Both the measured 

and simulated results for the input filter and output filters are presented in Figure 28 and 

Figure 29 respectively, showcasing the input reflection coefficient, output reflection co-

efficient, and gain. In the plot, the values dB(Input_Filter..(S(1,1)) and dB(Input_Fil-

ter..(S(2,2)) correspond to the measured results of the input filter, while dB(S(2,2)) and 

dB(S(2,1)) represent the simulated results. Similarly, for the output filter, the values 

dB(Output_Filter..(S(1,1)) and dB(Output_Filter..(S(2,2)) reflect the measured results, 

following the same pattern of distinction between the measured and simulated results. 

 

 

 

 

 

 

         

 

Figure 28: measured and simulated results for the input filter 

 

 

 

 

 

 

 

                     Figure 29: measured and simulated results for the output filter 
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4.3 Measurement of Amplifier-Filter 

This section presents detailed measurement and simulation results for the amplifier-filter 

design, focusing on two key performance parameters: reflection coefficient and gain. 

These parameters are critical in evaluating the effectiveness and efficiency of the ampli-

fier filter system in real-world applications. 

To thoroughly evaluate the performance of the amplifier-filter design, both measured and 

simulated results for the input reflection coefficient were gathered and compared. The 

simulated reflection coefficient is represented by dB(S(1,1)), while the measured data is 

indicated by dB(Complete_Circuit_1..S(1,1)). The simulation predicted less than 10 dB 

across the desired frequency range, which indicates minimal signal attenuation and effi-

cient transmission through the filter. In contrast, the actual measured results, shown in 

Figure 30, were found to be -15.9 dB, which, although slightly higher than the simulation, 

still demonstrates good performance. Despite this variation, the overall system's perfor-

mance remains well within acceptable limits for the intended application, confirming the 

design's reliability in maintaining signal integrity and ensuring efficient transmission. The 

slight difference in measured and simulated values could be attributed to practical factors 

such as component imperfections or external influences during testing. 

 

   Figure 30: Simulated and measured input reflection coefficient of amplifier-filter 
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Figure 31 illustrates the measured input and output reflection coefficients (S-parameters) 

of a circuit, specifically the S11 (input reflection) and S22 (output reflection) plotted as a 

function of frequency. The red curve represents the input reflection coefficient (S11), 

while the blue curve depicts the output reflection coefficient (S22). At 2.45GHz, the input 

reflection coefficient (S11) is -15.947 dB, and the output reflection coefficient (S22) is -

15.613 dB. These values indicate that a significant amount of the signal is transmitted 

with minimal reflection, implying that the circuit is well-matched at this frequency. 

 

                Figure 31: input and output reflection coefficient of amplifier-filter 

 

We tested how well the amplifier and filter worked together by measuring and simulating 

their gain at different frequencies. The computer simulation showed a steady gain of 13.6 

dB when the signal was within the range we wanted. This matched what we expected. 

When we measured the gain (shown in Figure 32), it was 11.3 dB, which is slightly lower 

than the simulation (a difference of 2 dB). This difference might be because the compo-

nents were not the same as we thought, or there might have been some noise or reflec-

tions. Even with this difference, the measured gain is still good enough for practical use. 

This shows that the amplifier and filter together can successfully make the signal 

stronger. 
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                Figure 32: Simulated and measured gain of the amplifier-filter 

 

To offer a more comprehensive evaluation of the amplifier filter's performance, input and 

output reflection coefficient and gain are displayed together in Figure 33. Presenting 

these metrics side by side provides a clearer, more integrated view of how the filter and 

amplifier interact, especially in terms of how return loss can influence the overall gain of 

the system. These results show that the circuit is optimized for 2.45 GHz, making it highly 

effective for applications such as where low reflection and high gain are crucial for effi-

cient signal transmission and amplification. By analyzing these combined results, it be-

comes evident that the amplifier-filter design performs closely to the predicted behaviour, 

with only minor deviations between the simulated and measured outcomes. These small 

discrepancies emphasize the significance of accounting for real-world variables such as 

component tolerances, thermal effects, and signal reflections during the design phase. 



51 
 

 

 

Figure 33: Measured input and output reflection coefficient and gain of the amplifier-
filter 
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5. CONCLUSION AND FUTURE WORK 

This thesis presents a novel approach to designing a 2.45 GHz small signal amplifier 

using customized bandpass filters as impedance-matching circuits. The proposed design 

offers several significant advantages over conventional amplifier-filter topologies, includ-

ing reduced loss, improved matching, and a more compact footprint. The first bandpass 

filter, positioned at the amplifier input, provided pre-filtering to reduce out-of-band inter-

ference and protect the SSA from strong unwanted signals. The second filter at the out-

put refined the signal bandwidth and ensured optimal impedance matching with subse-

quent receiver stages. Using direct-coupled theory for the filters, this integrated approach 

reduced overall system loss, eliminated multiple reflections, and improved signal integrity 

compared to conventional designs with separately cascaded components. 

The simulation and measurement results presented in this thesis demonstrate the effec-

tiveness of the proposed design. The amplifier-filter system achieved a gain of 11.3 dB 

and a reflection coefficient of -15.9 dB, which are within acceptable limits for the intended 

application. While the measured gain was slightly higher than the simulated value, the 

overall performance of the amplifier-filter system remains satisfactory. This discrepancy 

can be attributed to factors such as component tolerances, external influences during 

testing, and the inherent limitations of the simulation models used. 

Future work could focus on further optimizing the design to reduce loss and improve 

overall efficiency. This could involve exploring different filter topologies, optimizing com-

ponent values, or using advanced design techniques. Additionally, investigating the po-

tential of using other types of matching circuits, such as lumped elements or transmission 

line transformers, could provide alternative approaches to achieving impedance match-

ing in small signal amplifiers. 

In conclusion, this thesis has successfully demonstrated the feasibility of using custom-

ized bandpass filters as impedance-matching circuits in small signal amplifiers. The pro-

posed design offers a promising approach for improving the performance and efficiency 

of RF systems operating in the 2.45 GHz frequency band. The findings presented in this 

work can contribute to the advancement of microwave engineering and the development 

of more efficient and compact wireless communication systems. 
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A. APPENDIX: DETAILED DATA OF FILTER AM-

PLIFIER 

output filter: 

 

small signal amplifier: 

 

 input filter: 

 
Figure A.1. Complete ADS schematic of the filter-amplifier used for simulation pre-

sented in Section 3.3.1 
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