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Abstract. As one of the components of digital signal processing technology, the FIR digital filter
has been widely used in real life and played an increasingly important role due to its advantages
of system stability and ease of linear phase. This paper will summarize and analyze the research
results of some past scientific research teams on FIR digital filters, and show the optimization
process of this technology and the application examples in real life. This paper focuses on the
optimization process of noise reduction performance, delay and size, and energy consumption
optimization of FIR digital filters. This study summarizes three examples of its applications in
medical, audio processing, and radar. In the medical field, the processing of electrocardiogram
(ECG) signals, the audio processing fields are the frequency shaping, noise removal, and signal
enhancement of audio signals, and the precise filtering and processing of received signals in the
radar field. At the end of this paper, the FIR digital filter has an irreplaceable role in all fields in
the world and gradually develops in the direction of miniaturization and low power consumption
in the future.
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1. Introduction
With the rapid development of electronic information technology, the society is fully stepping into the
information age. Digital signal processing technology has received great attention and has been fully
developed in [1]. As one of the components of digital signal processing technology, the research and
development of digital filter is also the focus of researchers. Compared with the traditional analog filter,
the digital filter has the advantages of higher accuracy, better stability and no matching impedance.
According to the network structure implementation, the digital filter can be divided into two categories:
finite unit impact response (FIR) digital filter and infinite unit impact response (IIR) digital filter. FIR
digital filter has the advantages of system stability and easy linear phase, so it is widely used in the fields
of communication, audio processing, medical, radar and signal processing and industrial control and
automation [2].

This paper focuses on the optimization of FIR digital filters in their development and their application
in real life. First, this paper summarizes the problems existing and the need for improvement in the FIR
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digital filter section and discusses the efforts made by different research teams to solve these problems.
Then, this paper introduces the practical application of some FIR digital filters, including their important
role in the fields of medical treatment, audio processing, and radar systems. This paper aims to give
some understanding of the field so that beginners have a certain amount of understanding of the field.

2. Optimization and development

2.1. Performance of noise reduction

In the last several years, passive filters have been used to reduce the signal noise and filters have been
applied in the frequency range of the input signal. Digital signal processing filters’ main tasks are to
minimize noise in order to increase signal effectiveness and remove sufficient information from the
signal. Several filtering techniques are employed to decrease the impact of noise.

However, previous methods had the disadvantage of degrading the quality of speech and audio
signals in applications due to background noise. Noise cancellation (NC) has received a lot of interest
as a technique for removing noise from speech signals in order to enhance voice and audio quality.
Sakkarai et al., a research team from the United States, offered a high-throughput, low-delay DA-FIR
filter design that may be utilized for noise-denoising applications in SDR by combining it with an
approximate kalaronic multiplier (AKM) and proposing a variable-delay carry-over skip adder (VLCSA)
[3].

The approach makes use of AKM and VLCSA techniques to efficiently lower the computational
complexity of the DA system, enhancing performance and finding a good balance between latency,
computational complexity, and memory consumption, ultimately leading to an increase in the DA
system’s overall efficiency.

2.2. Latency and size

Delay and occupied areas are important components of filter construction. The performance of the
overall FPGA structure may be greatly increased by employing a special approach to generate high-
speed and low-occupied area high-performance digital filter circuits. This is because conventional
structures have shortcomings like high latency and large occupied areas.

Quantum dot cellular automata (QCA) technology is considered by academics to be one of the most
effective methods for addressing these shortcomings and realizing this crucial structure. Thus, using
quantum techniques, Ali’s team proposed a number of effective full adders, such as multipliers, sum
gates, and accumulators, for use in digital filter applications. Additionally, they proposed a digital filter
that uses routing delays to stabilize the pipeline registers’ output following the receipt of a clock signal

[4].

2.3. Optimization of energy consumption

Low-power FIR filters are a hot research topic today. For example, the use of lower power consumption
and smaller area filters in small portable devices can further reduce the size of portable devices and
enhance the endurance of the devices. P. V. Praveen Sundar and his team proposed a distributed
arithmetic (DA) design for hearing aids, which not only reduces the design area by 20%, but also reduces
the power consumption by 40%, which is a very big enhancement for small portable devices, which is
a very big improvement [5].

Shift registers, multipliers, and adders are frequently used in the design of adaptive FIR filters. The
multiplier will require additional space and electricity. Many adaptive FIR filter topologies with fewer
multipliers exist to boost speed and lower power consumption. Multiplier-less architecture replaces
multiplier architecture in adaptive FIR filters to minimize area and power consumption. One of the best
multiplier-less designs for achieving adaptive greater efficiency is distributed arithmetic (DA) design.
The team chose a DA-based design with less memory in order to get around the problem of the current
DA-based architecture, which uses more memory and hence requires more power and space.
Compressor adder and multiplexer are used in the construction of the suggested Enhanced DA
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Architecture (EDA). The 2:1 multiplexer in the EDA design stands in for ROM, while the 4:2
compressor replaces the accumulator. The shift registers supply the EDA’s inputs, which are sent as one
of the multiplexer’s inputs to the 2:1 while the multiplexer’s other inputs are marked as zero. The 4:1
multiplexer will have the option of using the filter coefficients; the 4:2 compressor receives the
multiplexer’s output to produce the final output. Fig.1 shows the basic block diagram of the EDA [5].
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Figure 1. Basic block diagram of the EDA architecture [5].

In contrast, AMRITA RAI has proposed the use of a completely adiabatic approach to create a 4-bit
low power FIR filter (PAL-FIR) that can reduce power consumption by up to 80% when compared to
traditional CMOS FIR filters. The fundamental building components of the filter’s architecture are the
multiplier adder and buffer. The lowest partial product is produced using the screen-bit coding multiplier
technique, which lowers the multiplier’s area and latency. It thereby lowers power usage at the
architectural level as well. The block diagram of the 4-tap adiabatic Direct-Form-II architecture of the
FIR filter is shown in Fig. 2. A notable modification is the buffers in the upstream that equalize the
delays of the adders and multipliers for each tap. Subsequently, the multiplier requires five pipeline
stages, and the adder requires six. However, since one PAL stage is equivalent to half of a clock cycle,
it is easy to investigate a total of five clock cycle delays by connecting PAL 12 buffers in series with
each tap.
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Figure 2. PAL-FIR filter with 4 taps using the basic block of the DSP [6].

The multiplier and adder, which are both separated into 2-stage equivalent delays, provide 4-stage
pipeline logic when compared to the CMOS technique, as seen in Fig. 3. Four DFFs, or “flip-flops,” are
used to adjust the delay units upstream throughout the tap. After that, the delay units reach the FIR filter,
which has two multipliers and two adders for each realization step. The suggested FIR filter’s design
calls for a delay of fifteen cycles and a sample flow of one per cycle.
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Figure 3. Block diagram of 4-tap CMOS FIR filter [6].

According to the simulation results, the CMOS technology requires more components compared to
the PAL adiabatic technology. The simulations show that the outputs of CMOS-FIR and PAL-FIR are
roughly similar, but the PAL-FIR filter requires only half the complexity and components of the CMOS-
FIR filter. In addition, PAL-FIR filters consume less power compared to CMOS-FIR filters [6].

2.4. Multi-pass filter

Multi-pass filters usually have multiple passbands. This means that they can allow signals in multiple
frequency ranges to pass through. Specifically, multi-pass filters can have low pass, high pass, band pass
or band reject characteristics simultaneously to meet the needs of different applications. Multi-pass
filters are frequency selection devices that allow specific frequency components of a signal to pass
through and greatly attenuate other frequency components.

Zhao’s team developed a multi-channel optimal finite impulse response (OFIR) filtering method.
Recursion is used to construct batch and fast iterative forms of the forward and reverse OFIR filters.
Using simulation and experimental data, they designed dual-pass OFIR (DOFIR) filters supported by
unbiased FIR (UFIR) filters and three-pass OFIR (TOFIR) filters, which radically improve performance
close to the initial value and are more resistant to temporary model mismatch much more resistant. Not
only that, the computational complexity of this design is acceptable. The team is now considering
optimizing the multichannel OFIR filter structure to reduce computational time while maintaining the
achieved robust performance [7].

3. Application examples

FIR digital filters play an important role in various industries and have become one of the most important
tools in the field of digital signal processing. Whether it is communications, audio processing, medical,
radar and signal processing, or industrial control and automation, FIR digital filters have an important
role. The next part of this article will introduce the applications in related fields.

3.1. Medical field
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Figure 4. Comparison of ECG before and after denoising [8].
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In the medical field, the processing of electrocardiogram (ECG) signals is often interfered with by the
60 Hz frequency from the power system. This interference may degrade the quality of the ECG signal,
making it difficult for doctors to accurately diagnose the patient’s heart condition. By designing FIR
digital filter coefficients, this interference from the power system can be reduced or removed. As in Fig.
4, the denoising function of the filter for ECG is shown in the fig. In addition, FIR digital filters can also
help to remove other noises in ECG signals, such as interference from body movements, breathing and
EMG. And in biomedical imaging, the enhancement of white pixel values enhances the image, which
helps to analyze it and improve the accuracy of medical diagnosis [8].

3.2. Audio processing

Human hearing ranges from 20 Hz to 20 kHz, so when it comes to audio processing, selecting FIR filters
that can offer enough frequency response coverage, while also processing various audio data frequencies
in real-time for frequency shaping, noise reduction, and signal enhancement, can be important in
enhancing the quality of the audio signal during voice calls. These days, band pass, high pass, and low
pass filters are the most used ones [9]. The amplitude response and phase shift of a band-pass filter, low-
pass filter, high-pass filter, and single-channel filter are displayed in Figs 5, fig 6, andfig 7.
Correspondingly. The low-pass filter may effectively pass low-pass frequency signals while blocking
high-frequency signals, as seen in Fig 5. The high pass filter is seen to pass high-frequency signals while
blocking low frequency signals in Fig 6. Fig 7 illustrates how a bandpass filter passes over a restricted
frequency range, obstructing both high- and low-frequency sounds [9].
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Figure 5. Phase shift and amplitude response of a single-channel low-pass filter [9].
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Figure 6. Phase shift and amplitude response of a single-channel high-pass filter [9].
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Figure 7. A single-channel bandpass filter’s amplitude response and phase shift [9].

3.3. Radar systems

In radar systems, the radar-received signals are accurately filtered and processed to make them more
effective in identifying targets and reducing interference, thus improving the performance of the radar
system. In practice, the traditional FIR digital filter can be improved by the distributed algorithm (DA)
structure to effectively handle higher order filters and signals with larger word lengths. The efficiency
and performance of the filter are improved to make it more advantageous. As seen in Fig. 8, the lower

picture displays the outcome of filtering, and the upper fig displays the original signal with burrs that
gravely impair additional analysis [10].
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Figure 8. The improved DA-based FIR filter is used to compare filtering results [10].

4. Conclusion

FIR and infinite impulse response (IIR) are the two types of filters commonly used in digital signal
processing. Compared with the IIR filter, the FIR filter is always stable, with no abnormal frequency
response problem; and has linear phase characteristics, no signal delay and phase distortion; and a simple
design, so it is easier to design creative characteristics, not only low pass, high pass, band pass, band
resistance, this paper also introduced the relatively new multi-pass FIR filter design. Based on these
characteristics of FIR filters, there are many areas that use FIR filters in their systems. FIR filters are
essential in areas such as communications, audio processing, medical care, radar, signal processing, and
industrial control automation.

With the progress of material technology and other technologies, many equipment will become small,
low power consumption, that is, to achieve the same or better function or performance at the same time,
so that the equipment is smaller, with lower power consumption, and less heat. Therefore, in the process
of optimization design, each component will be optimized for design, including the FIR filter. So now
there are a lot of research teams in low-power miniaturization FIR filter research and design results.
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Their design creativity is a breakthrough, they made in design logic including reduced delay and heat
design. Compared with ordinary FIR filters, the new design scheme in heat, power consumption and
scale has made huge progress.

With the development of communication technology, there are many new multipass filter designs.
The design method of the general basic multi-pass filter is realized through cascading multiple filters,
while the new design scheme, compared with the ordinary multi-pass filter, can achieve a significant
improvement in performance and have a significant improvement in anti-interference performance. FIR
filter has an irreplaceable role in all fields of the world, and the latest design of FIR filter not only greatly
improves the performance, but also achieves miniaturization and low power consumption, which will
play a more crucial role in future applications.
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