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1. INTRODUCTION

ABSTRACT

Hardware Assistive communication aids such as hearing aids, speech-generating aids,
and augmentative and alternative communication (AAC) software require real-time
speech recognition with very strict limits on latency, power, and computation
requirements. The popular choice of filters to use in such systems is Finite Impulse
Response (FIR), because of its stability, and linear response in phase, which is
important to maintain speech intelligibility. Nonetheless, standard FIR filter
implementations do not easily meet the criteria of real time and energy efficiency of
embedded assistive devices, especially in the wearable and battery operated context.
The current paper introduces the best FIR filtering engine that is specifically designed
to use in real-time speech enhancement of assistive communication devices. The
suggested methodology involves the exploitation of the symmetry of coefficient,
pipelined multiply-accumulate (MAC) architectures and optimization of fixed-point
arithmetic to greatly minimise the computational complexity and processing latency.
The filtering engine is provided in an embedded processor platform that is a
representation of assistive communication hardware running at a standard speech
sampling rate. The experimental performance proves that the optimized FIR
architecture has processing latency specified at sub-milliseconds and cuts down on
energy rate by about 30 40 percent than traditional FIRs and offers good talk quality.
Objective speech analysis indicates significant signal/noise enhancement without
audible distortion effects, indicating that it will be applicable to assistive speech
devices. The above-mentioned results suggest that proposed FIR filtering engine is
indeed an efficient, scalable, and realistic solution to speech processing in real-time in
intelligent assistive communication systems. The architecture is also appropriate to be
incorporated into the next generation assistive devices that have low latency, low
power consumption, and improved speech intelligibility.
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power consumption, and hardware resources 1, 2.

Human communication is closely connected to speech,
and the issue of hearing or speech production may
pose a considerable risk of reducing social
engagement, education, or life quality. Assistive
communication technology, in the form of hearing
aids, the cochlear implant processors, and the
augmentative and alternative communication (AAC)
systems are essential to alleviating these problems
through improvement of access and intelligibility of
speech of persons with communication issues. One of
the primary factors that define the effectiveness of
such devices is the possibility of the real-time digital
signal processing (DSP) methods that could operate
within a set of strict conditions regarding latency,
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Finite Impulse Response (FIR) filters are highly used
among different approach types of DSP in most
pipelines of assistive speech processing to complete
tasks such as noise reduction, band-limiting,
equalization, and spectral shaping. The stability
aspect, as well as the linear phase property of FIR
filters is very appealing especially because it keeps the
quality and the naturalness of speech intact 3.
Nevertheless, in order to obtain effective speech
enhancement, high-order FIR filters are needed, which
cause a considerable rise in the complexity of the
computations and consequently, in the energy
consumption. It is a significant problem to battery-
operated and wearable assistive devices, under which
processing resources and power cards are incredibly
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constrained 4. More recent hardware-efficient
architecture of FIR filters, low-power DSP
architectures, and the adaptive filtering
methodologies of speech application has seen research
5, 6, 7. However, a large part of the done literature
concentrates on either generic signal processing
platforms or does not pay enough attention to the
overall combination of real-time latency, power
consumption and assistive- device-specific constraints.
Specifically, little is reviewed on optimized FIR
filtering engines that are specifically targeted to
embedded assistive communication systems, whose
perceptual latency thresholds and extended battery
life is paramount.

This paper will propose an optimized FIR filtering
engine that is optimized to work with assistive
communication devices in order to overcome these
limitations. The suggested solution incorporates the
use of coefficient symmetry, pipelined multiply-
accumulate architecture, and fixed-point arithmetic
optimization to minimize the complexity of
computations and the energy used without
compromising the speech intelligibility.

The principal contributions of the work can be
summed up as follows:

1. Structuring of an optimized low-latency FIR
filtering architecture to provide assistance speech
recognition.

2. Facilities Decimal place value symmetry of
coefficients and pipelined processing.

3. Optimized fixed-point platform to support
embedded power use.

4. Experimental analysis showing appropriateness in
real-time assistive communication apparatus.

The rest part of this paper will be structured in the
following manner. Section Il is the related literature
review on FIR filtering and assistive speech processing.
Section Il will have the suggested methodology and
optimized FIR architecture. Part IV is the part of
implementation and experimental setup. Section V is
an analysis of the results and performance analysis
whilst Section VI will provide conclusions and future
research directions.

2. RELATED WORK

FIR filtering has been a unique foundation in speech
improvement and hearing aid systems because of the
stability of the filtering technology and its linear phase
characteristics. Spruce Showing Effective Speech
intelligibility improvement in controlled conditions
The early FIR-based speech processing schemes were
noise suppression/band-limiting schemes in which
fixed or adaptive filtering methods were used, and
showed successful speech intelligibility enhancement
8, 9. Numerous of these traditional implementations,
however, are based on floating-point arithmetic,
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implying greatly higher power costs and severe
incompatibility with assistive devices dependent on
batteries. As a response to flexible acoustic
conditions, adaptive FIR filters including least mean
square (LMS), normalized LMS, and others have also
been extensively studied in hearing aids and assistive
listening systems 10. Although these techniques
enhance the noise suppression capabilities, their
complexities in terms of computation and constant
updates in terms of coefficients make them
challenging to deploy in real time on low resource
embedded systems 11. Because of this reason, they
are currently limited in terms of the practical
implementation in ultra-low-power wearable assistive
devices. In recent studies, there have been tendencies
to develop hardware-efficient FIR filter architecture in
order to satisfy real-time processing. Pipelined and
Parallel FIR structures are also suggested to enhance
throughput and short critical path delay 12, 6.
Moreover, the use of coefficient symmetry and
multiplier reduction techniques have also been
implemented to reduce the complexity of hardware 7.
There is also interest in fixed-point implementations
as a useful tool to minimize power consumption whilst,
at the same time, achieving acceptable signal
performance 888.

Although these developments have taken place, there
are a number of limitations in existing literature.
Numerous experiments have been dedicated to the
generic DSP  acceleration or the algorithms
optimization without direct references to the high
power and extremely limited latency requirements of
the assistive communication devices. In addition,
system-level tests that combine the latency, energy
consumption, and speech quality in assistive situations
are usually not present. Specifically, searches have
very little in terms of FIR filtering engines that have
been designed to be optimized to operate in real-time
in the condition of the wearable device to assistive
speech processing.

Conversely, this does give an application-specific FIR
optimization framework  to serve assistive
communication systems. The proposed approach
combined with architectural optimization, fixed-point
arithmetic, and system-level performance analysis
deals with real-time latency, power efficiency and
speech intelligibility in a unified manner, thus
satisfying an essential gap in the current research.

3. METHODOLOGY

This sub-chapter discusses the methodological
approach that is used in designing, optimizing, and
testing of the proposed FIR filtering engine to be
utilized in assistive communication devices. The
stringent real-time, power, and quality criteria of
speech-based assistive systems influence the approach
methodology and include system requirement analysis,
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architectural optimization, arithmetic refinement, and
experimental validation.

3.1 System Requirements for Assistive
Communication Devices

Aspirision of assistive communication machines is
carried out in very limited environments, where timing
and performance performance, energy usage, and
speech are significant concerns. Perceptually, the
speech processing latency with end-to-end signaling
should be less than the human auditory threshold, less
than 10 ms, otherwise perceptual artifacts, including
echo, lip speech desynchronization and discomfort to
the user, may occur. This means that signal processing
systems (algorithms and architectures) should also
have the capacity to support real time throughput at
the typical speech sampling rate. In Fig. 1, the main
system-level limitations imposed on assistive
communication devices are presented.

Besides latency issues, assistive gadgets are mostly
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wearable, and battery powered meaning that ultralow
power usage must be taken into account to sustain a
long operating life without a need to constantly
recharge batteries or needs to replace batteries. This
necessitates strict constraints concerning the needs in
computational complexity, arithmetic performance
and memory.

Another basic requirement is speech intelligibility
preservation. Noise reduction and spectral power-
shaping are critical but too much distortion or phase
nonlinearity may ruin speech intelligibility and user(s)
understanding. That is why signal processing solutions
have to strike the balance between the efficiency of
noise reduction and the perceptually good speech.

Lastly, hardware limitations like a limited number of
processing units, small amount of on-chip memory, or
limited arithmetic accuracy also have an impact on
architectural decisions. The combined effects of these
constraints are facilitating the design choices taken in
the proposed FIR filtering engine, as shown in Fig. 1.

Efficient use of
battery power in
wearable devices

()

Embedded
Constraints

Limited processing,
memory, and arithmtic

precision

Fig. 1. System-Level Requirements for Real-Time Assistive Communication Devices

The important system requirements that regulate
assistive communication devices such as real-time
processing bounds, low power usage, retention of
speech intelligibility and constrained embedded
hardware that direct the design of the proposed FIR
filtering engine.

3.2 Optimized FIR Filtering Engine Design

Finite Impulse Response filtering is a fundamental
operation of voice improvement filters. A
mathematical description of an N-tap FIR filter is given
as

N-1

y) = > h().x(n— k) (1)
k=0

wherex(n) denotes the input speech signal, h(k)
represents the filter coefficients, and y(n) is the
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filtered output. Although this implementation ensures
stability and linearity of phase property, a direct
execution of high-order FIR filters has a huge
computational burden, in an embedded real-time set-
up. Fig. 2 displays the architectural structure of a FIR
implementation and optimized implementation.

To tackle this dilemma, the suggested FIR filtering
engine applies various architectural optimization
solutions that will lead to complexity reduction and
enhance  throughput  without signal  quality
deterioration. Fig. 2 depicts that the optimized
architecture makes use of the symmetry of
coefficients and pipelined multiply accumulation
operations as well as parallel processing paths to
ensure access to low latency and energy efficient
speech  processing best used in  assistive
communication devices.
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Fig. 2. Optimized FIR Filtering Engine Architecture for Real-Time Assistive Speech Processing

Block diagram of the proposed optimized FIR filtering
engine to show the exploitation of coefficient
symmetry, pipelined multiply accumulate (MAC)
companies, and the parallel processing adults of low-
latency and low-energy speech enhancement in
assistive communication devices.

3.2.1 Coefficient Symmetry Optimization

In linear phase FIR filters, the sequence of coefficients
is symmetrical in that

h(k) = h(N — 1 — k) )

In this property, the summation of pairs of input
samples can be carried out before multiplication thus
halving the required number of multipliers. The
coefficient symmetry is used to fully benefit the
proposed architecture by minimizing arithmetic
operations and the number of hardware resources that
are used to achieve this benefit which is directly
converted into less power consumption and an
enhanced processing efficiency.

3.2.2 Pipelined Multiply-Accumulate Architecture

In order to handle the real time processing needs,
pipelined multiply accumulate (MAC) architecture is
used. Pipelining breaks the FIR computation into many
steps and provides the opportunity to process the
consecutive input samples in parallel. This would
reduce the critical path delay to the minimum and
allow flow of data to continue through the filtering
engine.

Pipelined structure will guarantee that FIR filter is
capable of maintaining the common speech sampling
rates, e.g., 16 kHz that at the same time maintain the
low latency. The architecture manages to spread
computation through pipeline stages, thus achieving
greater throughput without raising clock frequency, as
well as lead to energy efficiency.

4

3.2.3 Parallel Processing Strategy

Selective parallelism is also implemented in the FIR
engine in addition to pipelining in order to further
improve performance. Parallel processing allows many
arithmetic operations to be performed at the same
time lowering the total time spent in computing. The
proposed strategy balances between parallel execution
and resource limit unlike the fully parallel
architectures which incur a high hardware overhead
such that efficiency is at a level adequate to support
embedded assistive devices.

3.3 Fixed-Point Arithmetic Optimization

Floating-point arithmetic is also accurate, but is not
commonly applicable to low-power embedded
systems, simply because it is expensive in terms of
energy consumption and hardware cost. Thus, the
offered FIR filtering engine implements the fixed-point
arithmetic in order to realize energy-efficient
calculating. Optimization of words is done to make
sure that quantization noise is kept at its acceptable
level, and that the speech quality and intelligibility is
not lost.

The fixed-point precision is determined by the analysis
of the requirements of the dynamic range and signal-
to-noise ratio characterizing the speech processing
applications. The system enables use of perceptual
sound quality with a greatly reduced power usage and
fewer hardware requirements, which is optimized.

3.4 Implementation and Experimental Setup

To confirm the hypothesis of the suggested
methodology, the optimizing engine of FIR filter is
executed on an embedded type of DSP platform which
will be the case of assistive communication
equipment. The system has a 16 kHz sampling rate
(common to speech processing applications) and uses a
64-tap FIR filter to trade-off between noise
suppression performance and computational
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performance. The implementation is done in a 16-bit
fixed-point representation.

The experimental assessment is done by using the
speech signals that are corrupted with background
noise to simulate the realistic assistive communication
conditions. The  processing latency, power
consumption, and speech quality are used as
performance metrics to determine the effectiveness of
the proposed design in practice when operating under
practical conditions.

4. RESULTS AND DISCUSSION

This section contains the experimental evidence that
the proposed optimized FIR filtering engine achieved
and comes up with implications of them in the

induction of real-time assistive communication
equipment. Performance is compared against the
latency of processing, throughput, power

consumption, and speech quality which are important
metrics in the wearable and embedded assistive
systems. It also compares itself with the conventional
FIR implementations to bring out the effectiveness of
the proposed optimization strategy.

4.1 Latency and Throughput Analysis

Latency processing and throughput are important
indicators of real-time performance of assistive
communication devices. The optimized FIR filtering
engine significantly less than the perceptual latency
threshold of speech based assistive applications makes
sub-millisecond processing latency attainable at a
sampling rate of 16 kHz. This proves that the
architecture  presented meets the real-time
requirements of operation.

Introduction of pipelined multiply- accumulate(MAC)
units is very effective in enhancing throughput as it
allows continuous data flow and minimizes critical
path delay. As Fig. 3 shows, the suggested
architecture accepts sequential speech samples
without pipeline stalls, which has led to a massive
improvement of the throughput rate relative to a
standard implementation of a serial FIR-based
architecture. The optimal choice of an FIR engine in
terms of latency and throughput measurements is
summarized in Table | that has indicated that the new
work with optimized engine parts is better than the
baseline designs identified in the previous reports.

Such findings indicate that, in assistive devices,
architectural pipelining is a useful method towards
real-time speech processing with low latency in
resource-limited environments.

Table 1. Latency and Throughput Comparison Between Conventional and Optimized FIR Implementations

Architecture Filter Length | Processing Throughput
(Taps) Latency (ms) (Samples/s)
Conventional FIR (Serial) 64 2.3 16,000
Conventional FIR (Non-pipelined) 64 1.6 16,000
Proposed Optimized FIR (Pipelined) 64 0.42 16,000+
Proposed Optimized FIR (Pipelined + Parallel) | 64 0.31 32,000

—e— Latency (ms)
Throughput (Samples/s)

30000 -
25000 -
20000 -

15000 4

Latency / Throughput

10000

5000

01 @ L d L4 . d

Proposed FIR
(Pipelined + Parallel)

Conventional FIR Proposed FIR
(Non-pipelined) (Pipelined)
FIR Architecture

Conventional FIR
(Serial)

Fig. 3. Latency and Throughput Comparison of Conventional
and Optimized FIR Architectures

The comparison of latency and throughput
performance between standard FIR implementation
and the customized optimized FIR architecture which
is influenced by pipelining and parallel processing on
the real-time assistive speech processing.

Journal of Intelligent Assistive Communication Technologies | Jan - Jun 2026

4.2 Power Consumption Analysis

Efficiency in power is a very important demand of
wearable assistive communication devices.
Experimental power estimates show that the proposed
FIR filtering engine can reduce the power consumption
by about 3040 percent relative to a traditional
implementation with either FIR filter running with the
same conditions. This is mostly due to the lessening of
the number of multipliers by exploiting the symmetry
of coefficients and implementation of fixed-point
arithmetic.

As it can be seen in Fig. 4, the architecture that is
optimized has the lowest power consumption in
variable input signal conditions. Comparative analysis
of power consumption of the proposed design and the
FIR filter implementations that have been reported in
the past is given in Table Il. The findings indicate that
the suggested solution can attain similar or even
better energy efficiency and preserve real-time
performance, which is one of the main shortcomings
that have been noted in previous research that has
been based on floating-point calculations.
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Table 2. Power Consumption Comparison of FIR Filter Architectures

Architecture Arithmetic Type | No. of Multipliers | Power Consumption (mW)
Conventional FIR Floating-Point 64 38.6
Conventional FIR Fixed-Point 64 29.4
Optimized FIR (Symmetry Only) | Fixed-Point 32 22.1
Proposed Optimized FIR Fixed-Point 32 17.8

Power Consumption (mW)
= = N N w
o 7 S o S

w

Conventional FIR  Conventional FIR
(Floating-Point) (Fixed-Point)

Optimized FIRProposed Optimized FIR
(Symmetry Only)

FIR Architecture

Fig. 4. Power Consumption Comparison of Conventional and
Optimized FIR Architectures

Comparison of power usage between various FIR filter
archivales, driving the validity of exploiting coefficient
symmetry and optimizing fixed-point usage in
decreasing the amount of power used by assistive
communication devices.

4.3 Speech Quality Evaluation

The quality of speech is carried out through objective
measures, and the Signal-to-Noise Ratio (SNR)
improvement can be regarded as a principal measure
of the improvement performance. Optimised FIR
engine attains a maximum of 6 dB SNR enhancement in
noisy speech conditions and proves useful in averting
noise suppression without causing audible degradation.
Table Il shows the SNR of various noise levels.

Besides cracking the numerical score, listening tests
also ensure that the linear phase property of the FIR
filter does not destroy the naturalness and
intelligibility of speech. As opposed to other methods
of noise reduction, which can impair speech quality,
the proposed architecture has a positive balance of
the noise reduction efforts and perceptual coherence.
These results correspond to and in certain instances
outdo the outcomes acquired in a previous body of
assistive speech processing research, which typically
involves trade-off between the quality of speech and
decrease in computational complexity.

Table 3. SNR Improvement for Noisy Speech Signals**

Input SNR (dB) | Conventional FIR | Proposed FIR Output | SNR Improvement
Output SNR (dB) SNR (dB) (dB)
0 4.8 6.9 +2.1
5 9.6 12.8 +3.2
10 14.1 19.8 +5.7
15 18.9 24.7 +5.8
DISCUSSION validity of the suggested solution and indicate that it
can be implemented in the next-generation intelligent
All  the experimental findings prove that the assistive communication systems.

architectural optimization proposed greatly increases
the speed of computation, and it does not negatively
affect the quality of speech. In comparison with other
methods of FIR based speech enhancement layout, the
proposed design has the advantage of low latency, low
power consumption, and high speech intelligibility,
which are barely discussed in combination with the
other factors in the literature.

A combination of coefficient symmetry, pipelined MAC
units, and fixed-point arithmetic allows making the
proposed FIR engine address the requirements of real-
time assistive communication devices that happen to
be stringent. These enhancements render the
architecture specifically appropriate towards wearable
and battery-driven systems of assistive systems where
performance and energy efficiency are both of utmost
importance. Generally, the findings confirm the

4

5. Application Case Study: Assistive Speech
Enhancement Module

In order to prove the practical applicability of the
proposed optimized FIR filtering engine a case study is
carried out within the framework of an assistive
speech enhancement module of an augmentative and
alternate communication (AAC) device. People with
speech or motor impairments are often using AAC
systems to facilitate an effective communication
process and the effectiveness of AAC systems is
extensively relying on the clarity and intelligibility of
received speech cues during the process of real-time
communication.

The optimized FIR filtering engine is used as a front-
end speech enhancement unit in the considered
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system and is directly applied to the incoming
microphone signal before higher-level processing, e.g.
speech encoding, or speech synthesis. It is a module
that does real time noise removal and spectral shaping
to enhance speech quality in different acoustic
environments. The integration is done on an
embedded processing platform that simulates
commercial AAC  devices, allowing hardware
limitations like limited capabilities in computational
power and power supply to be simulated realistically.

The tests are carried out in real-time and are
performed with speech inputs corrupted with regular
noise sources in the environment such as conversations
with others and noise in the environment to simulate
assistive communication conditions in the real world.
The optimized FIR engine acts over speech signals at a
constant rate of 16 kHz at any time keeping the
latency at low values. The evaluation of subjective
listening and objective performance measures support
the hypothesis that the improved speech production
has a higher quality of clarity and fewer background
noises in comparison to the usual implementation
without optimization.

Notably, the implementation of the optimized FIR
engine is not associated with any additional
perceptible delay and artifacts that negatively affect
the interaction of different users with the AAC device.
The low power usage, which is realized by the
proposed  architecture, also  facilitates the
consideration of extended operation of a device which
is important to wearable assistive technologies.

All in all, the present case study confirms that the
given FIR filtering engine can successfully be used as
not only a facility in a controlled experimental study
but the one that is efficient, efficient, yet applicable,
and useful in assistive communication practice. The
findings demonstrate the possibilities of the suggested
solution to be integrated into the next-generation AAC
systems and other speech-based TEUS.

CONCLUSION AND FUTURE WORK

In this paper, the design, construction, and analysis of
an optimized Finite Impulse Response (FIR) filtering
engine specifically designed to be used in assistive
communication equipment in real-time speech
processing was described. The proposed method is
driven by the strict latency, power, and speech quality
demands of wearable and embedded assistive systems,
grounded on coefficient symmetry trade-off, pipelined
multiply- accumulate distributed architectures, and
fixed-point arithmetic optimization strategies; this can
be achieved through the end result being the
significantly reduced complexity of computations and
energy expenditure. Extensive experimental validation
showed that the optimized FIR engine attains less than
a millisecond processing latency, power consumption
factor of up to 40 percent, and pattern of

Journal of Intelligent Assistive Communication Technologies | Jan - Jun 2026

multifaceted amelioration of speech quality by
fivefold metrics of objective
signalinoseonoratimelimination. These findings testify
to the statement that the optimization of architecture
can be efficient in order to overcome the constraints
of the traditional FIR implementation without losing
the linear phase properties and stability that are vital
to speech intelligency. The given solution, thus,
provides a useful and scalable FIR filtering
architecture applicable to be employed in the context
of real-time assistive communication systems such as
AAC devices and wearable speech-enhancing solutions.
This research will be expanded in future work by the
addition of adaptive and learning assisted filters to
allow dynamic response to the changing acoustic
environment. It will also be investigated that the
optimized FIR engine should be combined with speech
recognition and speech synthesis modules to help in
end-to-end intelligent  assistive = communication
systems. Further research will also be conducted on
the deployment on ultra-low-power platforms and
custom hardware accelerators to make further
improvements to energy efficiency and expand to
next-generation assistive and inclusive communication
technologies.
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