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Abstract

This work consists of developing a system for audio decoding according to the MPEG 1/2 com-
pression standard. The format is widely used in the multimedia device industry and sound interfaces,
typically in infrastructure dedicated to digital signal processing or digital systems and reference mi-
crocontrollers such as x86 and ARM processors. The study’s primary objective was implementing the
decoder in an embedded system with a central processing unit with RISC-V ISA. This type of sim-
plified specification provides extensions created for different computing domains and is distinguished
by adopting an open-source license. The system’s structure is based on the IOb-SoC platform, imple-
mented in the Verilog hardware description language. The software integrates the open-source library
LibMAD into the system’s base architecture. In the context of FPGA-supported prototyping, tests were
carried out to estimate the computational execution time of the algorithm, revealing minimal usage of
components in the device structure. The implementation result is sufficient to meet the objective of
successful decompression and data integrity with the PicoRV and real-time processing with the DarkRV
and VexRV processors.
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1. Introduction
1.1. Context

In today’s rapidly evolving technological landscape,
there is a discernible shift towards hybrid ap-
proaches in computing system development from
lower-end systems, such as microcontrollers, to
more complex computing machines, for example,
with machine learning or hardware acceleration
dedicated modules. Such advancements transcend
conventional boundaries, permeating diverse do-
mains and driving transformative change across var-
ious use cases. This perpetual evolution neces-
sitates agile methodologies and adaptable frame-
works to accommodate the ever-changing demands
of contemporary applications.

Embedded system design was once a matter of
manually transposing an intention expressed using
mnemonics into machine code (usually represented
using hexadecimal or binary values) and storing
those values in a persistent storage device read-
able by a microprocessor. This technology is in-
tegral to numerous modern devices, consisting of
processing units, memory, and input/ output pe-
ripherals. It is developed to perform dedicated func-
tions within larger systems, materializing the con-
vergence of software and hardware.

The system-on-chip paradigm embodies the com-
position of diverse intellectual property blocks into
a cohesive design, culminating in a versatile plat-
form that can orchestrate intricate functionalities
for data process- ing and operating systems environ-
ments. Tailored to specific applications, it leverages
targeted opti- mizations and to fulfil specialized re-
quirements with precision and efficiency.

1.2. Motivation

With the development of processor design and semi-
conductor technology, RISC’s digital signal pro-
cessing capability has approached the DSP level.
Therefore, it became a reality to implement MP3
decoding in real-time on a single RISC core [1]. Au-
dio data compression techniques allow audio engi-
neers to save memory space by targeting sensitive
and perceptually irrelevant signal data and quan-
tising the difference between a masking amplitude
envelope and the actual sound level.

This thesis report defines the proposed software
implementation for the MPEG-1/2 audio decoder
and provides a detailed description of the system’s
integration and validation.



1.3. Definition of objectives and deriverables

In this project, a software implementation of the
MPEG-1/2 audio layers I, IT and III decoder uses
a RISC-V scalar unit with dedicated modules for
fixed-point multiply and vision instructions and a
five-stage pipeline processor installed on an FPGA
for design, simulation, and test purposes.

Custom and modular firmware, debugging tools,
and project build automation are essential elements
in the development process of embedded systems,
ensuring efficient compilation, synthesis, and de-
ployment.

For the current project, a software library is used
for the decoding process, LibMAD (Underbit Tech-
nologies) [2]. This repository will be implemented
with scalar and pipelined central processing units
based on RISC-V instruction set architecture and
evaluated to guarantee the correct operation of the
software implemented in the context of the IOB-
SoC.

2. Background
2.1. Fundamentals of signal processing

Sampling theorem
The conversion from a continuous-time signal, x(t),
to a discrete-time signal is achieved through a pro-
cess known as sampling. This method involves the
measurement of the amplitude of the signal at dis-
crete intervals, typically uniform and periodic. The
mathematical expression for the continuous-time
sampled signal, z4(¢), and the discrete-time repre-
sentation, x[n], can be written as:
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where T is the sampling period, the time interval
between successive samples, §(t — nTs) is the Dirac
delta function, creating impulses at each sampling
instant t = x(nTs) and n is an integer representing
the index of the sample. In the frequency domain,
this multiplication corresponds to a convolution be-
tween the signal’s spectrum X (f) and the Fourier
Transform of the impulse train, which is another
impulse train:

Xs(f)=X(f)*<fs~ > 6(f—kfs)> (3)
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This convolution results in replicas of the original
spectrum X (f) shifted by multiples of the sampling
frequency fs.

The Nyquist-Shannon theorem provides a crite-
rion for the minimum sampling rate that must be
used to ensure that the continuous-time signal can
be fully reconstructed from its samples without any
information loss. Aliasing is a phenomenon that
causes different signals to become indistinguishable

(or aliases of one another) when sampled. It oc-
curs when the sampling frequency f; is insufficient
to capture the signal’s frequency content.

Assuming the signal is band-limited to a maxi-
mum frequency B (i.e., X(f) = 0 for |f| > B), the
components in the frequency domain due to sam-
pling will start at +f; and extend from f = +f,— B
to f = £fs + B. To prevent overlap between the
original spectrum and the transformed signal, it is
required:

fs—B>B = f;>2B (4)

This inequality ensures that the highest fre-
quency component of the original signal does not in-
terfere with the lowest frequency component of the
adjacent replica, thereby preventing aliasing, which
can be described by the folding of frequency com-
ponents beyond the Nyquist frequency (fxyquist =
fs/2) back into the range [0, fnyquist] [3]-

Quantization and encoding
After sampling, the continuous amplitude values
must be quantised into discrete levels. In PCM, the
sampled value x[n] is approximated by the nearest
value from a finite set of discrete amplitude levels.
This step is necessary because digital systems can
only represent a finite number of amplitude values
due to their binary nature. It is the standard ana-
logue audio conversion format used in digital sys-
tems. The difference between the actual and quan-
tised values introduces quantisation error, a form of
noise defined as the difference between the original
sample and the quantised values. Following quanti-
sation, each quantised sample z4[n] is encoded into
a binary sequence for digital representation. The
encoding process assigns a unique binary code to
each quantisation level. The number of bits b used
in encoding determines the resolution and the num-
ber of quantisation levels L. The quantisation level
set is determined by the quantisation resolution,
which depends on the number of bits b used to rep-
resent each sample. The total number of discrete
levels is given by L = 2°.

Fourier transform and its applications
The Fourier Transform is a fundamental mathemat-
ical tool used to analyse and process signals in the
frequency domain. It decomposes a time-domain
signal into its constituent frequency components,
providing a frequency spectrum that describes the
signal’s content [4]. For a continuous-time signal
x(t), the Fourier Transform X (f) expression is:

X(f) = / T eIty
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This transformation converts the time-domain
signal into a continuous function of frequency, re-
vealing the amplitude and phase of each frequency



component present in xz(t). For discrete-time sig-
nals obtained through sampling, the Discrete-time
Fourier Transform (DTFT) provides a continuous
frequency spectrum for a sampled signal z[n]. The
DFT is defined as:
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where N is the number of samples and X[k| repre-
sents the frequency component at index k. In sig-
nal processing, the discrete signal transformation is
often computed using the Fast Fourier Transform.
This algorithm method takes advantage of the peri-
odic and symmetric properties of the complex expo-
nentials (roots of unity) in the DFT formula. It re-
cursively splits the DFT of N points into two DFTs
of N/ 2 points, one for the even-indexed inputs and
one for the odd-indexed inputs. The algorithm re-
duces the complexity of computing the DFT from
O(N?) to O(N log,(N)), making it much faster for
larger N. This efficiency gain is crucial for applica-
tions requiring real-time or high-speed processing of
large datasets, such as audio/ video processing and
telecommunications.

2.2. MPEG standard - ISO/ IEC 11172 & 13818
The Moving Picture Experts Group was founded in
1988 by the International Standards Organization
to develop coding standards for multimedia, includ-
ing digital audio and video formats for compression
and data transport. The first version of the codec
standard, MPEG-1, identified by ISO/ IEC 11172-
3, was completed in 1992 and describes three com-
pression layers. A more advanced version, MPEG-
2, identified by ISO/ IEC 13818, followed, further
refining these standards and enabling improved effi-
ciency and performance across various applications,
including broadcasting and DVDs.

Both standards employ a layered approach, with
layers presenting increasing complexity and higher
compression rates, making the last layer the most
efficient. This, combined with a broader, more flex-
ible coding format than the anterior layers and a
range of available configuration settings related to
signal processing attributes, such as bit rate and
sample frequencies, leads to more coverage regard-
ing audio data content and its applications, one of
the reasons why MP3 became extremely popular for
digital audio files.

2.3. Compressed audio characteristics and applica-
tions

From communication to audiovisual consumer elec-
tronics and even with the emergence of the World
Wide Web, along with the adoption of audio in-
terfaces in consumer electronics of all application
types, the decreased compressed data size becomes

a necessity to encode audio information as mem-
ory capacity on a chip is reduced. Maintaining this
homogeneity and information integrity between the
sender and receiver is essential for real-time audio
and visual multimedia transmission to secure ser-
vice quality at a reasonable bandwidth.

By integrating the mentioned functionalities us-
ing platform-based approaches, companies can de-
velop dedicated hardware and/ or software to im-
plement coding algorithms with multiple devices
and environments. Low power consumption and
the area associated with the hardware appliances
are two main features of digital and logic systems
design and deployment in small-scale designs. Au-
dio decoding solutions as a software component on
a system-on-chip offer a good relationship between
application abstraction and hardware resources or
required memory space.

Compressed audio standards have also paved the
way for advancements in mobile and streaming ap-
plications. As streaming platforms became more
popular, efficient compression algorithms that bal-
ance audio quality and data size became critical.
MPEG-2’s flexibility in handling lower bit rates
makes it especially useful in limited bandwidth,
such as mobile networks or online streaming ser-
vices. Moreover, the compatibility of these stan-
dards with various playback devices—ranging from
low-power embedded systems in portable devices
to high-end multimedia systems illustrates their
adaptability across different environments.

2.4. Decoding process

In the domain of data compression, a decoder is
an element that transforms compressed data into
the raw format that originated it as accurately as
possible.

Audio decoding aims to accurately reconstruct
the original audio signal from the compressed for-
mat, with lossless or lossy information integrity be-
tween processes. This process involves inverse op-
erations of the encoding process, where the com-
pressed data is expanded back into a form that
closely approximates the original audio waveform,
ideally with indistinguishable differences to the hu-
man ear.

The first step is error verification, which protects
the integrity of information by examining it with a
cyclic redundancy code [5]. The next step is to un-
pack the compressed data in the bitstream, from the
header to the side and the primary information for
the quantised samples that will be inversely quan-
tised with the corresponding number of bits. Fi-
nally and analogously, a synthesis filter bank com-
bines the resulting dequantized sub-band samples
into a single or dual channel frequency domain to
reproduce the output and recovered signal.



2.4.1 Bitstream unpacking

At first, the decoder should synchronize the bit-
stream at the beginning of the frame for decoding.
Then, the side information of the MPEG audio ba-
sic channel is extracted. This information is utilized
to dequantize and synthesize the subband samples.
According to the channel information and dequan-
tized subband samples, the multi-channel process
can reconstruct another three channels (left, right
and centre). After each channel’s subband samples
are ready, the synthesis filter bank can be started
to generate the PCM samples.

The decoder performs entropy decoding, then re-
constructs the quantized subband values and trans-
forms subband values into a time-domain audio sig-
nal. Scale factors are used during encoding to ad-
just the quantisation step sizes for different fre-
quency bands and are extracted for inverse quanti-
sation. The decoder reads the bitstream and maps
the variable-length codes to the quantised values us-
ing the code tables defined in the MPEG standard.

2.4.2 Frequency-to-time inverse mapping

Frequency-to-time inverse mapping converts a sig-
nal from the frequency to the time domain. An
inverse transform, such as the Inverse Modified
Discrete Cosine Transform (IMDCT), converts the
frequency-domain coefficients back to time-domain
samples.

In audio codecs like MP3, the IMDCT is essen-
tial in reconstructing audio signals after processing
in the frequency domain. It operates by overlap-
ping and adding subsequent blocks, which reduces
interferences at the boundaries between blocks and
ensures smooth audio reconstruction. The overlap-
ping approach allows smoother transitions between
successive audio frames, minimizing discontinuities
and avoiding audible distortions. It provides a high-
fidelity reconstruction, making it highly effective for
perceptual audio coding.

After synchronizing with this sequence, the de-
coder determines other relevant information, such
as the sampling rate of uncompressed data and the
data rate of the compressed data stream. The de-
coder then uses this information to decode the other
frames. The coding tables translate the variable
length-coded symbols in the inverse quantisation
phase. These symbols would have been generated
by the encoder based on the frequency of occurrence
of each symbol. The primary goal of Huffman cod-
ing is to minimize the average code length, thus
reducing the overall bit rate of the encoded data.

2.4.3 Sub-band synthesis

In sub-band synthesis, the original signal is split
into several frequency bands using a series of fil-
ters. Each band is then processed independently,
including compression, modification, or other forms
of manipulation. After processing, these bands are
recombined and synthesised) to reconstruct the sig-
nal. A synthesis filter bank reconstructs the audio
signal by combining the time-domain samples from
each subband to generate the final time-domain au-
dio signal.

In the synthesis/ filterbank stage, two steps are
performed. In the first step, groups of 32 subband
samples provided by the initial decoding phase are
converted to 64 entry arrays using a discrete co-
sine transform. There are 36 such groups, and each
sample in a subband represents the amplitude for
a particular frequency. At any point, the synthe-
sis/ filterbank phase keeps a set of sixteen 64-entry
arrays in a rotating window fashion. In the second
step, the 64-entry arrays are windowed using a set of
512 coefficients to produce 32 PCM samples. Thus,
the 36 groups per channel in a frame produce 1152
decoded audio samples. The signal is represented as
a finite sequence of data points as a sum of cosine
functions oscillating at different frequencies.

The synthesis filter bank in MPEG audio de-
coding employs a polyphase filterbank architec-
ture to split and subsequently recombine the sub-
bands smoothly. Polyphase filtering ensures seam-
less transitions between subbands, thus minimizing
artifacts and maintaining audio quality during re-
construction. Relying on Quadrature Mirror Filters
(QMF), specialized filters are designed to split the
input signal into multiple subbands without intro-
ducing aliasing and maintain the signal’s integrity
during subband splitting. A QMF splits the input
signal into two parts: one passes through a low-
pass filter and the other through a high-pass filter.
These two filters are ”mirror images” of each other
in frequency response, which helps ensure that the
original signal can be perfectly reconstructed from
the subbands. In MPEG decoding, this approach
helps ensure that the split frequency components
remain in phase and that energy is preserved across
the bands.

2.5. Development technologies
2.5.1 Field Programmable Gate Array

As mentioned, field-programmable gate array de-
vices encapsulate the physical computing system.
It is a hardware interface made of digital compo-
nents like a standard computer system but with the
advantage of being composed of a dedicated fabric
of reprogrammable logic that allows developers to
create digital systems design, implementing com-



plex logic gate blueprints using Hardware Descrip-
tion Languages such as VHDL or Verilog and si-
multaneously leveraging the FPGA’s potential to
achieve optimised computational throughput and
low latency.

2.5.2 System-on-Chip

The SoC design approach has become a key enabler
for advancements across the integrated computer
chip industry. This has led to the emergence of
platform-based design techniques, in which a more
flexible, programmable or reconfigurable medium is
reused across a set of designs within a specific ap-
plication domain [6]. SoC designs, particularly in
FPGA-based environments, now drive the develop-
ment and adoption of industry-wide standards by
offering a flexible and customizable architecture [7],
making it
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Figure 1: Block diagram of the system-on-chip
hardware structure

2.5.3 The IOb-SoC project template

The system-on-chip developed by IObundle, Lda
provides a RISC-V instruction set architecture-
based platform appropriate for hardware and soft-
ware development designated as IoB-SoC [8], a SoC
template coded with Verilog hardware description
language.

10bundle provides development tools such as in-
terfaces and computing hardware to facilitate the
necessary communications with the development
boards. These resources are suited for testing and
simulating the provided SoC architecture.

An overlay design, a virtual layer of architecture
that is conceptually located between the user ap-
plication and the underlying physical FPGA, is im-
plemented to allow greater flexibility by abstract-
ing hardware details, enabling easier reuse and de-
velopment of the system for different applications
[9]. This approach is further supported by a type
of hardware abstraction layer which provides a uni-
form interface for software development indepen-
dent of the underlying hardware. Using abstraction

facilitates portability across different hardware con-
figurations, thus enhancing the versatility and scal-
ability of the SoC. Therefore, this project template
can be extended to implement customized process-
ing systems with hardware and software solutions.

2.6. RISC-V Instruction Set Architecture

The RISC-V Foundation was created in 2015 by
the Parallel Computing Laboratory (Par Lab) at
the University of California at Berkeley. It is a free
and open-source Instruction Set Architecture that
provides a method to create intellectual property
and a more accessible approach to the digital pro-
cessing products and devices market. The system-
level organization of a RISC-V hardware platform
can vary significantly, ranging from single-core mi-
crocontrollers to large-scale clusters of many-core
server nodes with shared memory. FEven small
systems-on-a-chip can adopt a hierarchical struc-
ture, incorporating multicomputer or multiproces-
sor configurations. This modular approach not
only simplifies the development process but also en-
ables secure isolation between subsystems, enhanc-
ing flexibility and security in various embedded and
general-purpose applications [10].

This architecture type is composed of 32 general-
purpose integer registers from x0 to x31, plus a
program counter (instruction pointer), with an ad-
ditional 32 floating-point registers for the imple-
mentation of the respective extension, except in
the embedded subset variant, which has only 16
integer registers. These assembler mnemonics are
based on register-address instruction roles, except
for memory-access instructions that reside outside
the scope of the integer registers.

Processor instructions include a set of arithmetic,
logical, memory access, and control transfer instruc-
tions. Arithmetic and logical operations include ad-
dition, subtraction, shifts, and bitwise operations.
The floating-point extension adds another set of 32
registers, which are crucial for efficiently handling
arithmetic operations involving real numbers, par-
ticularly for applications such as scientific compu-
tation and multimedia processing.

The architecture is well-suited for embedded sys-
tems, providing a small footprint and a simple set of
instructions that are easy to implement. The ISA’s
minimalism and modular nature allow for flexible
implementations, where different subsets and ex-
tensions can be chosen based on the application’s
specific needs. In contrast, more general-purpose
RISC-V implementations can include a broader
range of extensions, enabling them to run complex
operating systems and handle high-performance
computing tasks.



3. Implementation
3.1. Software architecture

The decoder in the system is implemented by com-
bining the existing SoC firmware with the appli-
cation programmable interface (API), which is na-
tively implemented with the library. For that ef-
fect, the audio decompression source files collec-
tion is added as a git submodule present in the
SoC’s highest-level directory, making available the
required functions, structures, variables and macro
definitions in the upper layers of software of the
system-on-chip. To streamline this process, devel-
opers use automated build tools and continuous in-
tegration techniques that ensure updates to the sub-
module do not disrupt existing system functionali-
ties, thereby enhancing the robustness of the sys-
tem’s software infrastructure. Figure 2 shows a
flow diagram representing the stages of the devel-
opment/ verification tasks.

System-on-chip
software library

v

Integration of
source files

Audio application library
(MPEG Audio Decoder)

v

Firmware update
and adaptation

v

Validate

Simulation and
system

profiling

v
SoC deployment
and execution
on FPGA

Figure 2: Software implementation flow diagram

The porting of the MAD decoder, originally com-
posed in fixed-point, coded in ANSI C, entailed a
task of code compilation, followed by running the
program on a simulator. This step was instrumental
in gathering crucial performance data, which was
then analysed to identify potential areas for optimi-
sation. Subsequently, this cycle of compilation, ex-
ecution, and evaluation was methodically repeated
in both development instances and involves ensur-
ing the integration of these components within the
broader SoC framework, which necessitates testing
and validation procedures to confirm that the au-
dio output meets the expected quality standards
without compromising system performance. These
iterative refinements aim to minimise resource util-
isation while maximising the decoder’s efficiency,
making it well-suited for real-time audio processing
tasks within the resource constraints of the SoC.

Deploying the specified application in the IOb-
SoC is accomplished by integrating the source files
that constitute the existing software segment with

the application’s native library. One of the rea-
sons for the successful deployment of application
programs in the system-on-chip architecture is its
adaptability: it is designed to be modular, allowing
for seamless incorporation of software and hardware
components. Furthermore, the architectural layout
supports scalability, enabling the addition of more
sophisticated functionalities or updates without sig-
nificant rework, which is critical for maintaining
technological relevance and accommodating future
enhancements.

3.2. LibMAD - MPEG Audio Decoder Library
The LibMAD [2], an acronym for ”library of MPEG
audio decoder”, is an open-source project for high-
quality decompression written in standard C. All
three audio layers are fully implemented (layers I,
IT and IIT). It is distributed under the terms of GNU
General Public License (GPL). It does not support
MPEG-2 multi-channel audio, nor is it compatible
with AAC. The proposed library provides the fol-
lowing characteristics:

e 24-bit PCM output
e 100% fixed-point (integer) computation

e Implementation based on the ISO/ IEC stan-
dards

e Hardware-agnostic, supports a collection of
RISC ISAs

e Support for MPEG-1 (joint/ stereo channel
mode) / 2 (LSF, single channel mode)

The results from MAD meet the computational
accuracy standards required for compliance with
ISO/IEC 11172-4. Typically, MAD functions as a
complete Layer IIT ISO/IEC 11172-3 audio decoder,
adhering to the standard’s specifications. Option-
ally, MAD’s configuration allows for adjustments in
accuracy beyond the standard settings, balancing
accuracy with performance.

For optimal performance, choosing an assembly
language version of the fixed-point multiplication
routines is advisable. Various assembly language
versions have been developed for different CPU
types.

MAD?’s subband synthesis routine, which is com-
putationally demanding, could be made more effi-
cient at the cost of slightly lower accuracy by mod-
ifying the fixed-point multiplication method using
a small windowing constant.

Although this adjustment improves performance,
and the accuracy reduction is typically impercepti-
ble, it is not activated by default and must be man-
ually enabled. Depending on the architecture, addi-
tional specific optimisations might also be available.



The repository version used was the 0.15.1b, and
the source code was modified only for code read-
ability, debugging, and software behaviour profil-
ing. By exploiting the PC emulation setting of the
I0bundle, Lda. system-on-chip, taking advantage
of a virtual version regarding the physical com-
ponents and peripheral drivers through adapted
filesystem resources. The present case used a dura-
tion measurement for each function that composes
the MPEG audio decoder software.

The decoder provides two modes of operation:
synchronous and asynchronous. The synchronous
mode operates on the stream sequentially using
a single process, characterised by a blocking be-
haviour, making it impossible to perform other
tasks coincidently with decoding. On the contrary,
the asynchronous use case is suitable when imple-
menting non-blocking behaviour for concurrent pro-
cessing systems and managing inter-process com-
munication mechanisms. In this mode, different
stages of the decoding process can be handled in
separate threads or processes, allowing for parallel
processing of other stream parts and improving per-
formance, especially on systems with multiple cores
OT' Processors.

A synchronous approach is used in this case be-
cause the embedded systems environment does not
have multi-thread support and relies exclusively on
single-thread processing. In essence, the behaviour
is reflected using a linear execution mode method
that processes data consecutively, ensuring stable
operation within these constraints.

In environments where resource constraints are
significant, such as embedded systems with limited
processing capabilities and memory, the predictabil-
ity of a synchronous method greatly aids in min-
imising runtime errors and enhancing system relia-
bility. It also reduces the overhead associated with
complex thread management and synchronisation
mechanisms, which are necessary in asynchronous
systems.

Both MP1 and MP2 use similar encoding meth-
ods. They employ a method of audio compression
that involves dividing the audio spectrum into small
frequency bands and then encoding them. This sim-
ilarity in the foundational practice makes it easier
for an MP2 decoder to understand and decode MP1
files. Given the definition of audio layer N decoder,
where N denotes layers I, II or III of the MPEG au-
dio standard, it is backwards compatible with bit-
stream data encoded in layer N and all layers below
N. The analysis used MP2 and MP3 files to create
a preliminary study of the decoder software’s most
intrinsic and demanding properties.

There are four main categories of execution con-
cerning the decoding application:

e An initialisation phase, where the necessary

components and communication peripherals
are defined and instantiated. The decoding
routine’s essential elements are the decoder,
buffer and stream structures and functions for
the high-level application programmable inter-
face.

e The input stage is responsible for managing
the flow of data acquisition and buffering into
the decoder, as well as with the initial error
detection and handling for the incoming data
stream, ensuring the integrity of the data be-
fore processing.

e Decompression is the core of the decoding pro-
cess, considering the audio synthesis and recon-
structing the signal waveform from the decoded
data into a raw audio format (PCM or WAV).
It involves various sub-steps, such as Huffman
decoding, inverse quantisation, and inverse dis-
crete cosine transform (IDCT).

e The output stage involves sending the decoded
audio data quantities to an output device and
synchronising them with other transport chan-
nels or systems for correct playback timing.
Handling the continuous flow of the audio
stream to the output device ensures smooth
and uninterrupted playback.

The MP3 decoding process involves the same
functions for the synthesis and decompression of au-
dio frames. The difference is that the decoding com-
ponent is more prominent than the synthesis, which
is notable in terms of complexity, where most of the
computational load is found due to the increased
resolution and fidelity in the compression process.

The process also applies Huffman and scale fac-
tor decoding, essential for deconstructing the com-
pressed data into a form that can be converted back
into audio signals. Huffman coding allows for effi-
cient data compression without loss of information,
while scale factors adjust the decoded audio data
to match the original dynamic range. Moreover,
MP3 decoding handles the potential for overlap-
ping frames, frequency inversion, and alias reduc-
tion. Overlapping of frames can prevent audible
gaps between frames, maintaining an ideal auditory
experience. Frequency inversion and alias reduction
are part of the process that ensures the output au-
dio does not contain distortions that can arise from
the encoding process.

The algorithmic functional routines are sup-
ported by the most basic mathematical/ logical op-
erations, with tailored implementations regarding
the instructions available for several central pro-
cessing unit architectures, such as SPARC (Scalable
Processor ARChitecture), PowerPC (Performance
Optimisation With Enhanced RISC-Performance



Computing), MIPS (Microprocessor without Inter-
locked Pipelined Stages), ARM (Advanced RISC
Machines), Intel and a 64-bit version (classified as
the most accurate if the type is supported by the
compiler, although not being the most efficient).

In this project’s scope, the default 32-bit fixed-
point method is implemented, taking advantage of
some RISC-V extensions and CPU architectures as
a conveyor of improvement and adaptability of the
audio decoding system requirements to real-time
operation.

4. Results

Evaluating an audio decoder’s performance involves
several key metrics determining its suitability for
real-time applications. These metrics reflect oper-
ational efficiency and highlight the system’s effec-
tiveness in a real-world scenario.

Real-time audio decoding is crucial for applica-
tions such as streaming media, where delays be-
tween data receipt and audio output must be min-
imal. The decoder must process each audio frame
within the frame’s duration to avoid playback inter-
ruptions or quality degradation, so the processing
time requirements should be addressed.

A cumulative measure of the differences between
the duration of each frame and the time taken to
decode it, providing a measure of the system’s re-
sponsiveness. A positive value indicates that the
decoder is operating within the required time lim-
its, while a negative value would suggest a poten-
tial for real-time processing issues. A positive value
indicates that the decoder operates within the re-
quired time limits, while a negative value suggests
potential real-time processing issues. The elapsed
execution time metric comparison between the CPU
models used in the project to identify which deliv-
ers the fastest processing relative to the audio frame
duration.

The efficiency of instruction sets and the number
of operations dispatched per clock cycle are criti-
cal in minimising the decoding time. Many pre-
dominant factors, such as the processor’s operating
frequency, affect how quickly instructions are pro-
cessed, impacting the total running time overhead.
Higher frequencies generally improve performance
but can also increase power consumption and heat
generation, which might not be ideal for all systems.

Ensuring the decoder meets real-time require-
ments involves the exploitation of instruction-level
parallelism that varies according to the computing
architecture and software optimisation. The basis
for comparison relies on different processing unit
options, according to elapsed decoding time and
selecting the option that can handle the required
operations efficiently within the time constraints of
audio playback. This study evaluates the impact

of these factors on the decoding process by ana-
lyzing how the different architectures and RISC-V
ISA extensions perform under the same workload
at a constant frequency of 100 MHz.

5. FPGA system resources utilization

Resource utilization of the MPEG decoder imple-
mented on the FPGA is outlined in table 1. It com-
pares it to the standalone MPEG decoder and the
decoder running as part of a tester system. The fo-
cus is on several essential FPGA resources: Lookup
Tables (LUTs), LUTRAM, flip-flops, Digital Signal
Processors (DSPs), Block RAM (BRAM), Control
Logic Block (CLB) and control signal sets.

Component Resources Utilization(%) Total
LUT as logic 16568 6.83 242400
LUTRAMs 7711 6.84 112800
DSP 7 0.36 1920
RAMB36 90 15.00 600
RAMBI18 1 0.08 1200
CLB 23042 4.75 484800
Control sets 1805 2.98 60600

Table 1: Resource utilization of different component
types

6. Profiling

The following table displays the execution times for
various functions related to the MP2 decoding pro-
cess, measured in microseconds (us), relative to the
test sample group used for acknowledging different
audio file types and features. The audio data sam-
ple group used for testing is divided by different
audio file types defined in the subsection of the de-
coder verification:

Function Noise Speech Jazz Classical
decode_header 62 64 60 60
mad_header_decode 83 88 79 80
mad_layer_IT 18537 18183 27012 25509
II_samples 30 31 31 30
mad_bit_read 3 3 3 3
mad_synth_frame 96914 96915 193733 193731
dct32 7878 7878 7878 7878

Table 2: Execution time per function related to the
MP2 decoding procedure (frame average) [us]

The functions include data fetching, decoding
algorithms, error checking, and output genera-
tion routines. Notably, the functions mad_layer_I1
and mad_synth_frame consume the most process-
ing time during the MP2 decoding process. The
mad_layer_II function handles decoding Layer II
audio data, which involves complex mathematical
operations such as subband synthesis and frequency
inversion. The significant time spent for this func-
tion is due to the computational demand of pro-
cessing and reconstructing the audio signal from its
compressed form.



The table 3 displays the execution times for vari-
ous functions related to the MP3 decoding process,
measured in microseconds (us):

Function Noise Speech Jazz Classical
III_sideinfo 160 165 297 294
III_scalefactors 140 166 455 372
ITI_exponents 25 27 50 47
III_requantize 3 3 3 3
III_huffdecode 9342 9631 11413 10158
ITII_aliasreduce 5214 6514 6517 6517
III_overlap 712 712 980 1076
III_overlap_z 37 63 432 370
ITI_freqinver 144 151 288 298
fastsdct 50 51 63 63
sdctII 8029 8030 12218 13926
dctIV 11680 11680 17571 20256
imdct36 14547 12176 18527 21317
dct32 7878 7878 15720 15725
mad_synth_frame 89254 89254 178407 178407
mad_bit_read 1845 1858 1964 1964

Table 3: Execution time per function related to the
MP3 decoding procedure (frame average) [ps]

The group with the prefix "III” constitutes the
bitstream decoding aspect; hence, the function’s
name represents the individual part of the proce-
dure, which is notable for the significant execution
times.

Jazz and classical recordings show increased exe-
cution times. This is attributed to the high bit-rate
recordings, channel mode, complex harmonic con-
tent, and dynamic range, which require more intri-
cate processing during the transform stages. Due
to the complexity of the operations and the amount
of processed data, most of the processing period is
spent on functions related to mathematical trans-
forms, decoding, and synthesis of audio frames.

7. Evaluation on different types of audio con-
tent

The system operates at a frequency of 100MHz and
uses the PicoRV32 as the baseline for code pro-
filing. Key aspects of the evaluation include the
elapsed decoding time for comparison between the
CPU models to identify which delivers the fastest
processing relative to the frame duration.

Verifying the decoder’s accuracy by comparing
the expected versus actual decoded data ensures
the implementation produces correct audio output.
This is accomplished by validating the file contents,
byte-by-byte, against the generated output made
with the original implementation of LibMAD. All
tested files yielded compliant results compared with
the pure software implementation. Analysing de-
coder performance with different file specifications,
such as bitrate, frequency, sample rate, and chan-
nel format, evaluates the algorithm’s versatility in
handling various audio content effectively.

To further assess the performance improvements
attained with pipelined processing architectures,
we compared the execution times of the PicoRV,

DarkRV, and VexRV RISC-V processing units
across different types of audio content:

CPU PICORV VEXRV DARKRV
Noise 115872 212306 5905 7047 3845 5778
Speech 139762 261403 8074 8241 5727 6465
Jazz 115177 183270 6056 6879 4043 4677
Classical 145453 272575 7083 8027 5315 6341

Table 4: Execution time on average per frame for
MP2 and MP3 files [us]

PicoRV32 has significantly higher processing
times than the VexRV and DarkRV, which is much
more significant than the duration of one audio
frame, making it impractical for reliable real-time
use. In contrast, both the DarkRV and VexRV ar-
chitectures achieve decoding times within the frame
duration.

7.1. Real-time requirements

A positive halting difference value indicates that the
each frame is decoded faster than the frame dura-
tion, leaving sufficient time for seamless audio play-
back. The DarkRV and VexRV CPUs consistently
show positive values, demonstrating their ability to
meet processing requirements. In contrast, the Pi-
coRV32 shows negative values, confirming that it
cannot process frames quickly enough for real-time
decoding, in MP2 and MP3 file formats.

CPU PICORV VEXRV DARKRV

Noise -89750 -113640 +20217 418048 422277 +20395
Speech  -89055 -119331 +20066 419039 +22079 420807
Jazz -186120 -235281 419075 +17881 +20344 +19657

Classical -157148 -246453 +19243 418095 +21445 419781

Table 5: Halting difference for decoding time per
frame of MP2 and MP3 files [us]

The smallest discrimination thresholds for inter-
aural time differences in human hearing are near
10 ps. Therefore, the positive halting differences
achieved by the DarkRV and VexRV CPUs (ranging
from approximately +17,881 us to +22,277 us) are
well above this threshold, ensuring that the decoded
audio will not introduce perceivable delays or syn-
chronization issues. VexRV and DarkRV are com-
pliant with the real-time processing requirement.
The attained and required speedups for the audio
decoding process values are summarized in the table
below:

Audio file type Required Attained

Noise 4.44 5.35 30.14 24.40
Speech 1.60 4.04 29.96 27.37
Jazz 8.13 10.01 36.74 40.43
Classical 7.02 10.43 39.19 42.99

Table 6: Attained speedup and required values for
MP2 and MP3 files



8. Conclusions

This chapter summarises the main achievements
of the thesis, which focused on implementing an
MPEG audio decoder on a System-on-Chip (SoC)
with a RISC-V CPU. The project explored various
facets of system composition, from software devel-
opment and testing to the physical deployment of
the system, emphasising flexibility and open-source
code integration.

8.1. Achievements

The decoder’s implementation demonstrated high
flexibility in handling different audio formats with
compliance by exploiting processing parallelism and
significantly improving decoding efficiency. The ap-
proach to achieving the desired performance requi-
sites was taken to the level of the central processing
unit.

Digital audio data decompression is successfully
achieved with the PicoRV architecture and efficient
real-time decoding with the DarkRV and VexRV
units. It also met stringent sound quality com-
pared to pure software implementation, with re-
duced component usage in the FPGA fabric. The
project highlighted the challenges and solutions in
moving from a simulated environment to actual
physical implementation. Several key deliverables
were produced:

e The open-source LibMAD library was ported
to the MPEG decoder system, and compre-
hensive execution profiling was conducted to
analyze CPU cycle count during the decoding
procedure to validate the real-time processing
requirement.

I/0 modules to transport encoded and decoded
audio data, fundamental for incorporating the
decoder into existing infrastructures, providing
seamless data flow for real-time audio decod-
ing.

Connection with a tester platform, allowing
comprehensive testing and validation under
simulated real-world conditions. This setup
was essential for verifying the performance and
compliance of the decoder.

Achieved enhancements at an operational fre-
quency of 100 MHz without compromising au-
dio decoding accuracy, compared with the pure
software implementation of the decoder.

8.2. Future work

While the project met its primary objectives, the
following areas are suggested for future develop-
ment:

e Expanding the decoder to support additional
audio formats would increase its applicability,
for example, AAC or FLAC.
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e Integration with an operating system to exploit
asynchronous digital audio decoding.

e Burst-mode option and multiple channels sup-
port.

e Non-isolated implementation on a fully work-
ing environment with an encoder source and
decoder endpoint on a DAB stream.

This study contributes to the ongoing efforts
to develop more efficient, scalable, and adaptable
solutions for audio decoding in MPEG-1/2 for-
mats, which can conceive and enhance audiovisual
applications across broadcasting and multimedia,
extending to future digital communication frame-
works.
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