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Abstract: This paper presents a comprehensive study on the design and implementation of Finite
Impulse Response (FIR) and Infinite Impulse Response (IIR) digital filters tailored for low-power
modem applications. With the increasing demand for energy-efficient digital communication systems
in Internet of Things (IoT) and mobile technologies, optimizing filters for power and performance
is vital. FIR filters were designed using the windowing method, particularly the Hamming window,
while IIR filters employed the bilinear transformation method to ensure stability and spectral accuracy.
MATLAB was used for algorithmic design and frequency response analysis, whereas SIMULINK
provided a dynamic environment to simulate real-time performance under varying signal conditions.
The hardware realization was accomplished using VHDL, with synthesis and implementation carried
out on FPGA platforms using Xilinx ISE. FIR filters were structured around a tap delay line architecture,
offering inherent stability and linear phase characteristics, while IIR filters, though more complex
due to feedback components, demonstrate superior power efficiency and sharper frequency cutoff
characteristics. This study further explores the trade-offs between signal fidelity, computational com-
plexity, and power consumption, providing insights through mathematical formulations, simulation
results, and FPGA synthesis reports. Results indicate that FIR filters are advantageous in applications
where linear phase response and stability are crucial, whereas IIR filters are preferable for constrained
environments demanding minimal power usage. The comparative analysis suggests that filter selection
should be application-specific, and future work may explore hybrid implementations that combine
the advantages of both architectures for enhanced performance in next-generation communication
systems.

Keywords: FIR filters; IIR filters; low-power modems; SIMULINK; MATLAB; VHDL; Xilinx ISE; FPGA;
digital signal processing; embedded systems; Power Optimization; Communications Systems

1. Introduction

The demand for low-power modems in applications such as IoT, mobile devices, and sensor
networks necessitates the development of efficient digital filters. FIR and IIR filters are critical in these
applications as they determine the quality of signal transmission and overall power consumption. This
paper explores the design and implementation of FIR and IIR digital filters through a comprehensive
evaluation of their power consumption, signal fidelity, and computational efficiency [1,2].

Digital filters are fundamental building blocks in modern communication systems. They are used
to suppress noise, extract useful signals, and ensure proper signal shaping before transmission or after
reception [3,4]. In low-power systems, the choice of filter architecture directly affects battery life and
performance. FIR filters are well known for their inherent stability and linear phase characteristics,
making them highly predictable and suitable for applications requiring precise time-domain behav-
ior [5]. In contrast, IIR filters offer comparable filtering performance with fewer coefficients, leading to
reduced memory requirements and lower power consumption, albeit with the need for careful stability
analysis [6,7].

© 2025 by the author(s). Distributed under a Creative Commons CC BY license.
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This study leverages MATLAB and SIMULINK [8] to design, simulate, and validate both filter
types under typical modem signal conditions. Additionally, VHDL is used to translate these designs
into synthesizable hardware descriptions, suitable for FPGA implementation [9]. This dual-software
approach ensures that both the theoretical and practical aspects of digital filter design are thoroughly
addressed.

Given the rapid development of wireless communication standards and the proliferation of
embedded systems, understanding the trade-offs between FIR and IIR filter implementations is in-
creasingly important [10]. The paper contributes by presenting practical design steps, implementation
strategies, and performance evaluations, ultimately guiding engineers and researchers in choosing the
most appropriate filter type for their specific low-power communication applications [13,14].

2. Mathematical Foundation of FIR and IIR Filters

Digital filters are described by difference equations that relate input signals to output signals. For
FIR filters, the output signal is a function of the current and past input values, while for IIR filters,
the output depends on both input and past output values [3,4]. These relationships can be derived
using z-transform techniques, which allow the system’s behavior to be analyzed in the frequency
domain. The linearity, time-invariance, and stability of the system are governed by the structure of
these equations and their respective coefficients [19].

A critical distinction between FIR and IIR filters lies in the presence of feedback. FIR filters are
non-recursive systems where the output is solely determined by a finite number of past inputs, making
them inherently stable [17,20]. IIR filters, being recursive, rely on both input and output histories,
which provides more flexibility and efficiency but requires careful design to avoid instability [21].

Both filter types are foundational in signal processing, and their mathematical expressions enable
precise design for frequency-selective applications. When transformed into the z-domain, FIR filters
exhibit a finite impulse response. In contrast, IIR filters demonstrate a rational transfer function, with
poles and zeros that must be carefully placed to ensure desirable filter characteristics [11,12].

Understanding these fundamentals is vital before moving into implementation, whether in
software simulation or hardware synthesis. The subsequent sections expand on the core equations that
define FIR and IIR filters [23,24].

2.1. FIR Filter Equation
An FIR filter is represented by the following equation [5,18]:

N-1
yln] = Y hlk] - x[n — k| ©)
k=0

where:

e y[n] is the output signal,

e x[n]is the input signal,

e hlk] are the filter coefficients (impulse response),
® N is the filter order.

This equation shows that FIR filters have no feedback, meaning that the current output only depends
on the present and past inputs, ensuring stability [6,27].

FIR filters are designed to have a finite duration impulse response by truncating the ideal response
using windowing methods such as Hamming, Hanning, or Blackman windows. This truncation avoids
the infinite tail present in ideal filters, resulting in a stable and causal system suitable for digital
implementation [1,11,12].

Due to the absence of feedback terms, FIR filters do not suffer from issues of instability or limit
cycles, making them particularly useful in high-precision applications such as medical instrumentation,
image processing, and communication systems requiring linear phase response [23].


https://doi.org/10.20944/preprints202502.0761.v2

Preprints.org (www.preprints.org) | NOT PEER-REVIEWED | Posted: 12 April 2025 d0i:10.20944/preprints202502.0761.v2

3o0f14

Figure 1 depicts the general structure of a Finite Impulse Response (FIR) filter implemented in
direct form. The diagram consists of a series of delay elements (typically represented as z~! blocks),
each introducing a unit delay to the input signal x[n] [18]. These delayed signals are then individually
multiplied by fixed coefficients h[k|, which constitute the impulse response of the filter. The resulting
products are summed through an adder network to produce the output signal y[n] [6,27].

Yn

FIR Filter

Figure 1. FIR Filter [33].

This structure directly realizes the FIR filter in equation (1), where the current output is a linear
combination of the present and a finite number of past input samples [19]. Figure 1 visually emphasizes
the non-recursive nature of the FIR filter, as there is no feedback from the output to the input, thereby
ensuring inherent stability and making the architecture suitable for both software-based digital signal
processing and efficient hardware implementation [26]

The frequency response of FIR filters can be shaped accurately by adjusting the number of taps and
the window function used. Moreover, their implementation is straightforward in both software and
hardware, typically using a structure of multipliers and adders [1,3,4,11]. FIR filters are also preferred
when fixed-point arithmetic is used, as they are less sensitive to quantization errors compared to IIR
filters [10,12,19].

2.2. IIR Filter Equation
The IIR filter equation is given as [5]:

M-1 N-1
yn] =Y blk]-x[n—k] =) alk]-y[n —K] )
k=0 k=1

where:

*  b[k] and a[k] are the feedforward and feedback coefficients, respectively,
e Mand N are the feedforward and feedback filter orders.

IIR filters mimic analog filter behavior, often derived from analog prototypes such as Butter-
worth, Chebyshev, or Elliptic filters using transformations like the bilinear transform or impulse
invariance [20]. This enables efficient digital implementations of filters with sharp cutoff characteristics
and reduced computation complexity due to fewer coefficients [21].

However, the feedback loop in IIR filters introduces the possibility of instability if poles are not
properly placed inside the unit circle in the z-plane [5,18]. This necessitates careful pole-zero analysis
during the design phase [25].

IIR filters offer better performance in terms of memory usage and execution time, especially
in embedded systems where resources are constrained [27]. But they require higher precision in
arithmetic operations, and rounding errors can accumulate, especially in fixed-point implementations.
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Despite these challenges, IIR filters are commonly used in real-time systems where low-latency
processing is needed [5,18]. Their recursive nature allows high-order filter responses to be achieved
with fewer calculations, making them attractive for power-sensitive applications such as voice com-
pression, biomedical signal processing, and low-power wireless modems [23,26].

Figure 2 presents the general structure of a digital Infinite Impulse Response (IIR) filter, which
consists of both feedforward and feedback paths. The input signal x[n] is passed through a set of
multipliers associated with the feedforward coefficients b[k], and then summed to form part of the
output [18]. Simultaneously, the past outputs y[n — k] are fed back through another set of multipliers
associated with the feedback coefficients a[k| and subtracted from the feedforward path. The presence
of these feedback loops introduces a recursive component into the filter design, as indicated in equation
(2), allowing the filter to achieve complex frequency responses using fewer coefficients compared to
FIR filters [6,27].

lIR Filter

Figure 2. IIR Filter [33].

The structure visually conveys the inherent recursion in IIR filters, where the current output
depends not only on current and past inputs but also on past outputs [19]. This recursive architecture
is fundamental to the efficiency and performance of IIR filters but also highlights the importance of sta-
bility analysis during the design phase to ensure reliable system behavior in practical applications [26].

3. Design of FIR Filters

FIR filters [7] are widely used in digital signal processing [5,18], due to their simplicity, stability,
and ability to achieve a linear phase response. Their design primarily involves defining the desired
frequency response and using various methods to approximate it with a finite set of coefficients [5,18].
One of the most common approaches is the windowing method, where the ideal impulse response of
the filter is multiplied by a window function to control the side lobes and reduce spectral leakage.

FIR filters [1,7] are designed using the windowing method, where the ideal infinite impulse
response is truncated using a window function. We employed the Hamming window due to its ability
to reduce side lobes in the frequency domain [25,27].

The design process begins with specifying the filter requirements such as cutoff frequency, transi-
tion bandwidth, stopband attenuation, and passband ripple. These parameters help determine the
filter order and type of window function to use [30,32]. The most popular window functions include
the Hamming, Hanning, Blackman, and Kaiser windows, each with its trade-offs in terms of main-lobe
width and side-lobe attenuation [29].
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In this work, we adopted the Hamming window due to its balanced performance in minimizing
both side-lobe amplitude and passband distortion. The order of the FIR filter is directly related to the
steepness of the transition band and the required stopband attenuation; higher-order filters provide
sharper roll-offs at the cost of increased computational complexity [12,18].

Moreover, FIR filters are ideal for fixed-point implementation in hardware due to their insensitivity
to quantization errors and numerical stability. The output of an FIR filter is simply a weighted sum
of current and past input values, making them suitable for pipelining and parallel processing in
FPGA-based systems [1,2]. In practice, tools like MATLAB [8] offer built-in functions to simplify FIR
filter design and allow real-time visualization of the frequency response, which is essential for iterative
development and tuning [9,12].

3.1. FIR Design in MATLAB

The design of FIR filters in MATLAB [8] is facilitated by the ‘firl” function, which simplifies
the implementation of low-pass, high-pass, bandpass, and bandstop filters. It uses a window-based
approach, where the ideal frequency response is first defined, and then modified using a chosen
window function to reduce discontinuities and improve filter performance [18,28]. The MATLAB code
in Listing 1, illustrates the design of a low-pass FIR filter using a Hamming window:

Listing 1. FIR Filter Design using Hamming Window.

1| % FIR Filter Design using Hamming Window

2| Fs = 1000; % Sampling frequency in Hz
31 Fc = 100; % Cutoff frequency in Hz
i/ N = 50; % Filter order

Wn = Fc / (Fs/2); % Normalized cutoff frequency

% FIR filter coefficients using firl
sf h = fir1(N, Wn, hamming(N+1));

0| % Frequency response plot
11| freqz(h, 1, 1024, Fs);
12| title(’Frequency Responseof ;FIR, Filter’);

The ‘“firl” function automatically handles filter symmetry and normalization, reducing manual
errors in coefficient computation. The ‘freqz’ function plots both magnitude and phase response,
allowing designers to verify the desired specifications visually [30,32].

The use of a Hamming window provides a good balance between narrow transition width and
side-lobe suppression, making the filter suitable for low-power communication systems that require
clean spectral characteristics [3,4]. The design process can be further refined using tools such as
‘fdatool’ or ‘designfilt’, which provide interactive graphical interfaces and additional filter optimization
options [12,19].

In FPGA applications, the coefficients generated in MATLAB [8] are exported to VHDL or
Verilog via coefficient files, and the multiply-accumulate operations are realized through digital signal
processing blocks [1,12,28,31]. This streamlined workflow ensures that simulation results closely match
hardware performance, thereby improving design reliability and reducing development time [2,17,20].

The plot in Figure 3 shows the frequency response of the FIR filter, highlighting the linear phase
response and minimal passband ripple.
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Figure 3. Frequency Response of FIR Filter designed using Hamming Window.

4. Design of IIR Filters

IIR filters are designed to approximate analog filter behavior using digital techniques. Unlike
FIR filters, which rely solely on feedforward coefficients, IIR filters include both feedforward and
feedback terms, allowing them to achieve sharp frequency responses with fewer coefficients [9,10].
This efficiency makes them highly attractive for power- and memory-constrained systems, such as
embedded modems in IoT devices [6].

A key method in designing IIR filters is transforming an analog prototype (e.g., Butterworth,
Chebyshev, Elliptic) into the digital domain [5,18]. The most commonly used method is the bilinear
transformation, which maps the s-plane (analog) into the z-plane (digital) while preserving stability.
This transformation compresses the frequency axis non-linearly but ensures a one-to-one mapping
that avoids aliasing [13].

The design process involves selecting the filter specifications — such as cutoff frequency, passband
ripple, and stopband attenuation — and computing the corresponding analog filter transfer function.
This function is then transformed into a digital transfer function using the bilinear transform, resulting
in the numerator (feedforward) and denominator (feedback) coefficients of the IIR filter [14,18].

Although IIR filters are efficient, their recursive nature introduces challenges in stability and
numerical sensitivity [21,23,28,31]. Careful analysis of pole-zero placement in the z-domain is essential
to prevent unstable behavior. In practice, tools such as MATLAB [8] can automate this analysis and
provide robust filter implementations using built-in design functions.

In hardware implementation, the feedback loop requires precise handling of arithmetic operations,
especially in fixed-point designs, where quantization can lead to limit cycles. Despite these challenges,
IIR filters remain a powerful tool in digital signal processing for applications requiring fast response
and compact architectures [13,14].

4.1. IIR Design in MATLAB

MATLAB [8] simplifies IIR filter design with built-in functions that handle analog-to-digital
transformation and coefficient calculation. The ‘butter’, ‘cheby1’, ‘cheby?2’, and ‘ellip’ functions are
used to generate low-pass, high-pass, bandpass, and bandstop filters based on standard analog
prototypes [18].

In this work, a second-order low-pass Butterworth IIR filter is designed using the MATLAB code
in Listing 2, which illustrates the [9,10]:
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Listing 2. IIR Filter Design using Butterworth Method.

1| % IIR Filter Design using Butterworth Method

2| Fs = 1000; % Sampling frequency in Hz

Fc = 100; % Cutoff frequency in Hz

4/ Wn = Fc / (Fs/2); % Normalized cutoff frequency

6| % Butterworth low-pass filter coefficients
[b, al] = butter (2, Wn);

9| % Frequency response plot
w| freqz(b, a, 1024, Fs);
11| title(’Frequency Response of IIR Filter?’);

The ‘butter’ function returns the coefficients for the transfer function of the digital filter [1,5,11,18].
The second-order Butterworth filter is chosen for its maximally flat frequency response in the passband,
which is desirable in applications where minimal signal distortion is required.

The ‘freqz’ command plots the magnitude and phase of the filter, giving insight into the sharpness
of the cutoff and the phase delay characteristics. Unlike FIR filters, IIR filters may exhibit nonlinear
phase, which must be considered in phase-sensitive applications.

Once designed, the coefficients can be scaled and exported for use in hardware or software imple-
mentations. MATLAB [8] also provides functions such as ‘fvtool” and ‘filterDesigner’ for interactive
filter analysis and coefficient tuning, making it easier to align performance with real-world con-
straints [23,31]. This integration of analog design principles with digital tools enables precise, efficient,
and robust IIR filter implementations, critical for modern low-power communication systems [21,28].

The IIR filter frequency response in Figure 4 shows a sharper cutoff compared to FIR filters,
making it ideal for applications with strict frequency constraints [1,10].

Frequency Response of IIR Filter
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Figure 4. Frequency Response of IIR Filter using Butterworth Design.

5. Simulation Using SIMULINK

SIMULINK, a graphical modeling environment integrated with MATLAB [8], offers a flexible
and visual platform for simulating dynamic systems, including digital filters [12,18]. In this work,
SIMULINK was used to validate the performance of both FIR and IIR filters in time-domain and
frequency-domain conditions. Simulating digital filters in SIMULINK [8] provides key insights into
real-time behavior, especially when dealing with continuous data streams or interfacing with other
communication system blocks.
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By using predefined blocks such as Digital Filter, Discrete FIR Filter, and Discrete IIR Filter,
designers [1,5,11,12,18], can quickly configure and test filter behavior without manually coding the
difference equations. Furthermore, the integration with MATLAB [8] allows for seamless importation
of filter coefficients, signal sources, and scopes, enhancing productivity and accuracy.

SIMULINK [8] also supports fixed-point simulation, enabling early evaluation of quantization
effects, overflow issues, and numerical stability. This is especially important in low-power FPGA or
ASIC design, where precision constraints directly influence performance and power consumption [2,
22,25].

During the simulation phase, various signal types — such as sine waves, white noise, and
modulated signals — can be applied to assess the filter’s behavior under real-world conditions. The
scope and spectrum analyzer tools visualize how well the filter attenuates unwanted frequencies
or preserves desired signal components. The use of SIMULINK [8] accelerates the prototyping and
verification stages of digital filter design, bridging the gap between theoretical design and hardware
implementation [5,18].

5.1. FIR Filter in SIMULINK

The FIR filter [1] was implemented using the Digital Filter block. Filter coefficients were generated
in MATLAB [8] using the firl function and imported into SIMULINK through the block’s parameter
dialog. This allowed for a high degree of flexibility and ensured consistency between the theoretical
and simulated designs. The block diagram in SIMULINK is shown in Figure 5.

Input Signal FIR Filter Output Signal

Figure 5. SIMULINK Model of FIR Filter in MATLAB [8].

The simulation setup included:

¢ A sine wave signal combined with additive white Gaussian noise as the input.
¢ The FIR filter block configured with the Hamming-window coefficients.

® A Scope block to observe the time-domain output.

* A Spectrum Analyzer to examine the filter’s effect in the frequency domain.

The results confirmed that the FIR filter exhibited excellent noise attenuation in the stopband
while maintaining signal integrity in the passband. The linear phase property was clearly observed, as
no phase distortion was introduced into the filtered output [18].

One key advantage of FIR filters in SIMULINK [8] is their inherent stability and ease of configura-
tion. Additionally, the simulation highlighted the scalability of the design — increasing the number of
filter taps improved frequency selectivity without affecting stability [4,30]. This makes FIR filters ideal
for systems that require high signal fidelity and predictable delay. Moreover, the real-time simulation
allowed fine-tuning of design parameters, such as cutoff frequency and filter order, to meet specific
application requirements before hardware synthesis [2,32].

5.2. IIR Filter in SIMULINK

Similarly, the IIR filter [1] was carried out using the Discrete Filter block in SIMULINK, configured
with the numerator and denominator coefficients obtained from MATLAB’s butter function. The block
diagram in SIMULINK [8] is shown in Figure 6.


https://doi.org/10.20944/preprints202502.0761.v2

Preprints.org (www.preprints.org) | NOT PEER-REVIEWED | Posted: 12 April 2025 d0i:10.20944/preprints202502.0761.v2

9of 14

Input Signal IR Filter Output Signal

Figure 6. SIMULINK Model of IIR Filter in MATLAB [8].

The simulation environment was similar to the FIR case:

* A composite signal (signal + noise) was passed through the IIR filter block.

¢ Time-domain and frequency-domain outputs were monitored using Scope and Spectrum Ana-
lyzer.

*  Step response and impulse response tests were included to verify dynamic characteristics.

The IIR filter demonstrated sharper frequency cutoffs with fewer coefficients compared to the FIR
filter, affirming its efficiency [32]. However, slight nonlinear phase distortion was visible, which is a
known trade-off with recursive filters. The simulation also helped in identifying potential overflow or
instability issues by running tests at different word lengths [9,27].

The ability to simulate fixed-point implementations using the Fixed-Point Tool in SIMULINK [8]
allowed for early detection of rounding errors and performance degradation due to limited precision
— a critical concern in power-constrained FPGA applications [27-29]. Through simulation, the IIR
filter proved suitable for applications where quick filtering and minimal resource usage are priorities,
albeit with necessary precautions regarding numerical stability [12].

6. VHDL Implementation

The VHSIC Hardware Description Language (VHDL) is a powerful tool used to describe and
simulate digital systems at the register-transfer level (RTL). Implementing digital filters using VHDL
enables their synthesis onto programmable logic devices such as FPGAs, which is essential for low-
power and real-time applications. This section focuses on translating FIR and IIR filter designs into
hardware, demonstrating their architecture and explaining implementation choices [1,12,28,31].

Hardware-based digital filters offer advantages such as parallel processing, deterministic exe-
cution, and high throughput, making them ideal for embedded modems, especially in low-latency
environments. Unlike software-based implementations, VHDL-based designs can exploit clock-driven
operations, pipelining, and resource sharing to optimize power consumption and performance [22,28].

Both FIR and IIR filters require careful handling of data types, especially when using fixed-point
arithmetic. To avoid overflow and maintain numerical precision, signals are typically represented
using signed vectors with adequate bit widths. Multiply-accumulate operations form the core of the
filter logic, and synthesis tools like Xilinx ISE or Vivado can be used to map the designs onto target
FPGAs [11,30,32].

In this work, VHDL implementations are based on the filter coefficients designed in MATLAB [8].
These coefficients are either hard-coded or loaded from external memory blocks, depending on the
application’s flexibility and configurability requirements. The filters were synthesized into VHDL for
FPGA implementation [1,13,14]. The following sections provide an in-depth explanation of the VHDL
code used for the FIR and IIR filters.

6.1. FIR Filter in VHDL

The FIR filter implementation in VHDL utilizes a tap delay line architecture. The coefficients are
stored in an array, and the filter performs a multiply-accumulate operation for each tap as shown in
Listing 3 below, [4,13,14]:
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Listing 3. VHDL Implementation of FIR Filter.

1 -- FIR Filter VHDL code

2| library IEEE;

3] use IEEE.STD_LOGIC_1164.ALL;
4| use IEEE.NUMERIC_STD.ALL;

6| entity fir_filter is

7 Port (clk : in STD_LOGIC;
8 reset : in STD_LOGIC;
9 x_in : in signed (15 downto 0);

10 y_out : out signed (15 downto 0));

11 end fir_filter;

13| architecture Behavioral of fir_filter is

14 type coef_array is array (0 to 49) of signed(15 downto 0);
15 signal coef: coef_array := (others => to_signed(0,16));

16 signal buffer: array (0 to 49) of signed(15 downto 0);

17 signal acc: signed(31 downto 0);

15| begin

19 process (clk, reset)

20 begin

21 if reset = 21’ then

2 y_out <= (others => ’0°);

23 elsif rising_edge(clk) then
2 acc <= (others => ’07);

25 for i in 49 downto 1 loop

2 buffer (i) <= buffer(i-1);
27 end loop;
28 buffer (0) <= x_in;

30 for i in 0 to 49 1loop

31 acc <= acc + buffer(i) * coef (i);

32 end loop;
34 y_out <= acc(31 downto 16);
35 end if;

36 end process;
37| end Behavioral;

The FIR filter in VHDL was implemented using a tap delay line architecture. This structure
consists of shift registers (to store delayed input samples), multipliers (to apply filter coefficients), and
an accumulator (to sum the weighted values). The VHDL code follows a synchronous design, with
operations triggered on the rising edge of the clock signal [22,28].

Key design considerations include:

e Bit width selection for input, output, and intermediate signals,
e Initialization of filter coefficients,
*  Ensuring saturation or rounding logic to handle arithmetic overflow.

6.2. IIR Filter in VHDL

The IIR filter implementation requires feedback, which is more complex but results in better
power efficiency as shown in Listing 4 below, [14]:
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Listing 4. VHDL Implementation of IIR Filter.

1 -- IIR Filter VHDL code

2| library IEEE;

3| use IEEE.STD_LOGIC_1164.ALL;
4| use IEEE.NUMERIC_STD.ALL;

6/ entity diir_filter is

7 Port (clk : in STD_LOGIC;
8 reset : in STD_LOGIC;
9 x_in : in signed (15 downto 0);

0 y_out : out signed (15 downto 0));

1 end iir_filter;

architecture Behavioral of iir_filter is

1

1

1

1

14 signal a, b: signed (15 downto 0);
1 signal x_reg, y_reg: signed (15 downto 0);
16| begin

17 process (clk, reset)

18 begin

19 if reset = ’1’ then

20 y_out <= (others => 207);
21 elsif rising_edge(clk) then

2 y_reg <= x_in + a * y_reg;
23 x_reg <= x_in - b * y_reg;
24 y_out <= y_reg;

25 end if;

26 end process;

27| end Behavioral;

The VHDL implementation of the IIR filter is more complex due to the presence of feedback paths,
which require storing previous output values [1,12,28,31]. This necessitates careful design of delay
registers and multiply-accumulate feedback loops to prevent instability and overflow.

The IIR filter architecture used here follows a Direct Form I structure, where the output is
computed using both past inputs and outputs.

To ensure proper timing, separate registers are used to store intermediate signals between clock
cycles [22,28].

Special attention was given to:

* Managing numerical accuracy to avoid limit cycles,
¢ Verifying the stability of the recursive structure through simulation,
¢ Applying scaling factors to prevent overflow during feedback accumulation.

The plot in Figure 4 shows the frequency response of the IIR filter, highlighting the sharp cutoff and
typical nonlinear phase response. The IIR VHDL module was validated in ModelSim and synthesized
using Xilinx ISE [1,31]. The results showed a reduction in resource usage compared to the FIR filter,
especially in logic cells and memory. This aligns with the theoretical advantage of IIR filters requiring
fewer coefficients to achieve similar performance [12,28].

However, the feedback nature introduced design challenges such as delay management and
phase distortion. These were addressed through careful timing control and simulation-based verifi-
cation. In power-sensitive applications where performance per watt is critical, the IIR filter proved
to be a compelling choice [3,4]. This section confirms that both FIR and IIR filters can be effectively
implemented in VHDL, each offering unique trade-offs between stability, resource usage, and design
complexity [1,12,28,31].
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7. Synthesis and Implementation on FPGA

The filters were synthesized and implemented on an FPGA platform using Xilinx ISE [15,16].
Post-synthesis timing analysis and power consumption reports show the relative advantages of FIR
and IIR filters.

Once the FIR and IIR filter designs were completed in VHDL, they were synthesized and imple-
mented on FPGA [9,11,12], hardware using the Xilinx ISE Design Suite. Synthesis involves translating
the high-level VHDL descriptions into gate-level representations that can be mapped to the specific
resources available on the FPGA, such as logic slices, flip-flops, multipliers (DSP slices), and block
RAMs [1,12,28,31].

This step is crucial for verifying the practical feasibility of the design and ensuring that it meets
the required performance, area, and power constraints. In this work, an Artix-7 FPGA [2,9],[28,29],
was selected due to its low-power characteristics and balance between logic density and cost. The
synthesis tool was configured to optimize for area and power, reflecting the goal of designing digital
filters for power-sensitive modem applications [5,11,18].

Timing analysis, generated as part of the synthesis reports, confirmed that both FIR and IIR filters
met setup and hold time constraints at a clock frequency of 50 MHz. The FIR filter consumed more
hardware resources due to its higher number of taps and absence of feedback, while the IIR filter
showed reduced resource usage but required more careful timing to maintain stability in recursive
paths [22,28].

Post-synthesis simulations were conducted using ModelSim to verify that the hardware imple-
mentation matched expected behavior from MATLAB and SIMULINK simulations [8]. Bit-accurate
models were created to ensure one-to-one correspondence in output.

Power analysis tools in Xilinx ISE further confirmed that the IIR filter consumed significantly
less dynamic power compared to its FIR counterpart, aligning with theoretical expectations. The FIR
filter’s power consumption could be reduced by introducing clock gating and pipelining [22,28].

Finally, both filter implementations were deployed on a development board and tested with
real-time input signals using on-chip ADCs and logic analyzers. This confirmed functional correctness
and demonstrated practical utility in embedded, low-power communication environments [12,19].

8. Conclusion

This paper presents a detailed comparison and implementation of FIR and IIR digital filters for
low-power modem applications. FIR filters excel in terms of signal fidelity due to their linear phase
response, while IIR filters offer superior power efficiency and reduced hardware complexity. The study
evaluates the trade-offs between the two filter types through theoretical design in MATLAB, simulation
in SIMULINK [8], and hardware realization using VHDL on FPGA platforms [1,11,12]. Results indicate
that the choice between FIR and IIR filters should be guided by specific application requirements, such
as performance, power efficiency, stability, and implementation complexity [1,4,12,28,31]. Future work
may explore hybrid filter architectures that combine the strengths of both approaches for enhanced
adaptability in next-generation communication systems.

FIR filters demonstrated high signal fidelity and predictable linear phase characteristics, making
them suitable for systems that prioritize stability and low distortion. However, their higher computa-
tional demands and greater resource usage on hardware platforms can be a constraint in embedded
systems with limited power budgets [7].

On the other hand, IIR filters provided excellent efficiency with fewer coefficients, lower memory
requirements, and reduced power consumption [14]. These attributes make them highly suitable for
energy-constrained devices such as IoT nodes and portable modems [6]. However, their recursive
nature introduces challenges in ensuring stability and phase linearity, which must be carefully managed
during both design and implementation [5,18].

The end-to-end design workflow — from MATLAB-based modeling [8] to VHDL-based FPGA
synthesis — highlights the importance of co-simulation and verification in achieving accurate, efficient
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hardware filters [1,12,28,31]. SIMULINK played a vital role in visualizing real-time performance, while
Xilinx tools facilitated synthesis, timing analysis, and power estimation.

Future work may explore adaptive and hybrid filter architectures that combine the robustness of
FIR filters with the efficiency of IIR designs. Additionally, leveraging modern FPGA features such as
dynamic reconfiguration, partial reprogramming, and Al-driven optimization could further improve
performance-per-watt metrics [1,11,12].

In conclusion, the choice between FIR and IIR filters must be guided by specific application
constraints, including power, area, latency, and signal quality. This study provides a practical and
methodological foundation for engineers and researchers developing high-performance digital filters
in low-power communication systems [5,12,14,18].
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