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ABSTRACT Discrete time linear convolution operation is a fundamental tool in digital signal processing with multiple 
applications such as audio, filter implementation, image processing, control and renewable energy just to mention a few. This 
article presents a digital architecture based on Field-Programmable Gate Array (FPGA) for the implementation of linear 
convolutions of any signal length and binary format in fixed-point arithmetic. The architecture was designed to be reconfigurable 
and easily programmable in multiple hardware description languages adding flexibility. The article culminates with the 
implementation of the architecture using Very High-Speed Integrated Circuit Hardware Description Language (VHDL) for a 
specific audio application. 

KEYWORDS— Convolution, Discrete filters, Digital Architecture, FPGA.

I. INTRODUCTION 

Due to the increase in the calculation capabilities and cost 
reduction of microcontrollers (MCUs), digital signals 
processors (DSP) and microprocessors (MPUs), linear 
discrete time convolution has played a fundamental role in 
digital signal processing [1]. Is one of the most frequently 
used operations in many engineering applications like digital 
signal filtering [2,3], image processing [4,5], spectral 
analysis [6], computer vision [7] and acoustics [8], just to 
mention a few. 

The accuracy and precision of the linear convolution 
algorithm depends entirely on the capabilities of the digital 
processing platform. Therefore, it is difficult to design a 
flexible solution with the ability to perform linear 
convolution operations for different types of applications. 
Consequently, this article shows a Field Programmable Gate 
Arrays (FPGA) based digital fixed-point arithmetic 
architecture whose binary format is easily modifiable to meet 
the requirements demanded by each application. The 
architecture design allows the datapath and the control unit 
to be generated in any hardware description language. In 
addition, a methodology based on the Signal-to-
Quantization-Noise Ratio (SQNR) analysis is presented to 
select the necessary binary Q-format based on required 
precision. 

This paper is organized as follows: In section II the bases 
of discrete time convolution are presented as well as the 

proposed flowchart for the algorithm. Section III shows the 
design of the datapath and the control unit of the digital 
architecture. Section IV presents the analysis of the dynamic 
range and selection of the binary format. Section V shows the 
implementation of the architecture in FGPA and the 
methodology to perform the validation experiments. Finally, 
section VI presents the conclusions. 

II. CONVOLUTION ALGORITHM 

Convolution is a mathematic operator that establishes a 
relationship between a system response  to an input 
signal  in terms of the unit impulse response  [9]. 
For a discrete-time system, convolution is applicable, and it 
is expressed in Eq. (1). 

     (1) 

where:  has a length of m samples,  has a length of 
 samples and  has a length of  samples. 

A. PROPOSED FLOWCHART OF THE CONVOLUTION 
ALGORITHM 

Based on Eq. (1), a convolution algorithm flowchart is 
developed and shown in Fig. 1. The algorithm is designed so 
it can work on any number of samples, once the length of 
vectors  and  is given. The algorithm uses variable  to 
check if the length of  has reached its limit value. In 
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addition, it provisionally stores the product of current 
indexed samples in variable , and adds it to the previous 
product. As a result, the value of output  in index  is equal 
to the value of  once  has reached a value greater or 
equal to the minimum value between  and . 

III. DIGITAL ARCHITECTURE 

The architecture is organized in two sections. A datapath 
in charge of algebraic operations and a state machine to 
control the entire process. 

A. DATAPATH 

The datapath is formed by four registers, one for each 
variable in the algorithm, as well as a multiplier and an adder. 
The datapath performs a full-length operation, giving as a 
result a word length of double the word length of the samples 
from  and . The design of the datapath is shown in Fig. 2. 

Signals ,  and  correspond to the address of data 
in registers ,  and  respectively. This registers also admit 
an output enable ( ) and write enable ( ) signal, being  
the output enable signal for registers  and ,  the output 
enable signal for register ,  the write enable signal for 
register ,  the write enable signal for register  and  
the write enable signal for register . 

Register  also has a write enable and output enable 
signal, being ldsum and clrsum respectively, which allows 
the algorithm to store or erase the accumulated product value 
of the last value of .  

It is important to note that the configuration of the 
multiplication block followed by the addition block, allows 
the synthesis of “multiply and accumulate” blocks (MAC) to 
accelerate the speed of the algorithm if the FPGA platform 
supports them. 

B. CONTROL UNIT 

The control unit consists of a Moore state machine with 5 
states. The first is the  state. In it, all variables are set to 
an initial value, including the addresses of register ,  and 

. If the algorithm has already performed a convolution 
operation, the architecture notifies with a flag, otherwise it 
only indicates that registers  and  are ready to receive data, 
giving access from the outside to signals , ,   and 

. Next, in  state, the value of variable  is evaluated 
and, if it is less than the final length of vector y, the state 
machine goes to state , otherwise it goes to state Done. 
In addition, in , the current value of  is assigned. 
Control unit of the convolution algorithm is shown in Fig. 3. 

 

 
Fig. 1. Flowchart of the convolution algorithm. 
 

 
Fig. 2. Datapath of the of digital architecture to perform the linear 
convolution. 

 
Fig. 3. Control unit of the of digital architecture to perform the linear 
convolution. 
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In Test2 the current values of , , and  are assigned, 
and the algorithm makes sure that  is less or equal to the 
minimum value between the variable  and the length of 
vector . Also, in this state the signal  is reflected and 
shifted along signal . In the state sum,  is incremented 
in a unit, and if its new value exceeds the minimum between 
 and the length of vector , register  is loaded with the 

actual value of signal prod, besides, the value of  is 
incremented in 1. If the latter condition is not met, register 
sum is loaded. Finally, in Done state a flag that indicates the 
end of the operation is raised. 

In order to calculate the number of cycles in the process, 
Eq. (2) is used, as it is a function of the number of samples 
involved in the calculus. 

(2) 

where ,  length of vector  and  
length of vector . 

IV. DYNAMIC RANGE AND PRECISION OF THE 
ARCHITECTURE 
 

A. SPECIFIC AUDIO APPLICATION 

A single channel audio filtering application is used to test 
the algorithm and digital architecture. Using a fixed-point 
format, the architecture’s fixed-point arithmetic behavior is 
met with the one shown in Table I. 

A 41-order low-pass FIR filter is made in MATLAB for 
it to be signal h(n). For the FIR filter realization, a Kaiser 
window with a sample frequency of 44100 Hz (standard CD 
sampling ratio) and a cut frequency of 8000 Hz (voice-
frequency transmission channel) is used. 

Using the fixed-point toolbox from MATLAB, an 
estimated value of measured signals shown in Fig. 4 is 
obtained and it is shown in Table II. 

TABLE I. ARCHITECTURE`S FIXED-POINT ARITHMETIC PARAMETERS. 

Parameter Value 

Rounding method Floor 

Overflow action Saturate 

Product mode Full Precision 

Product word length Sample Word Length (x2) 

Product fraction length Sample Fraction Length (x2) 

Sum mode Full Precision 

Sum word length Sample Word Length (x2) 

Sum fraction length Sample Fraction Length (x2) 

 

 
Fig. 4. Measure points (red circles) of the of digital architecture datapath to 
perform the linear convolution. 
 
TABLE II. ARCHITECTURE`S NUMERICAL DYNAMIC RANGE. 

Measured signal Minimum Maximum 

Input signal  -1 0.99996948 

Impulse signal  -0.07708096 0.40838001 

Adder input  -0.40838001 0.40836755 

Adder output  -1.20607794 1.20556727 

Convolution output  -1.12475930 1.12796640 

From the latter, a Q-Format with an integer part QI of 2-
bits is needed, and it is calculated with Eq. (3). 

    (3) 

where  and  are the maximum and minimum 
dynamic range value from floating-point variable to 
represent. 

For the fractional part of the Q-Format , a number of 
signal to quantization noise ratio (SQNR) analysis are done 
in order to select a minimum SQNR value of 60 dB, 
following Eq. (4) 

          (4) 

where FP is the floating-point 64-bits signal,  is the fixed-
point signal and M is the number of elements of the vector or 
matrix. In Fig. 5, the SQNR values for each measured signal 
in different word lengths are shown, Fig. 6 shows the SQNR 
values for different number of samples of the output y. 
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Fig. 5. Relationship between SQNR and word length of all signals involved. 

 

Fig. 6. Relationship between SQNR and number of samples of the output 
. 

From the Fig. 5 and Fig. 6, a Q-Format of Q2.14 is 
chosen, as it represents the floating-point number with 
enough accuracy. 

B. ERROR CALCULATION  

Using 540 samples, a calculus of error is made. In order 
to estimate the tolerance of error , Eq. (5) must be met [10] 

     (5) 

where  is the relative error, given in Eq. (7), and  is given 
by Eq. (8). Additionally, the absolute error  is given by Eq. 
(6). 

    (6) 

   (7) 

,   (8) 

where  is the number of significant figures. Using 3 
significant figures, the tolerance of error is equal to 0.005. 
With Eq. (6) and Eq. (7), an average of error with 540 
samples is obtained, as shown in Table III. 

From Table III, it is shown that a minimum word length 
of 16-bits with a Q-Format of Q2.14 is required for this 
application. 

 

V. EXPERIMENTAL RESULTS 

A Cyclone V GX 5CGXFC5C6F27C7N FPGA is used to 
test the digital architecture, which is shown in Fig. 7. Also, a 
half-duplex UART component is implemented with the 
architecture to send and receive external data via PC, as seen 
in the Fig. 8. In it, the RX Control reads a character sent from 
data terminal equipment (DTE) and, if the first data received 
are the character “x” or “h”, the following data are loaded into 
register X or , also, it changes the memory address of the 
corresponding register each time a single data are fully 
loaded. Data are received in two 8 bits parts, first the most 
significant byte (MSB) and then the least significant byte 
(LSB), and temporarily stored in dedicated registers before 
being concatenated and gotten into the architecture, this 
process is made in the RX Demux. In addition, once the 
execution of convolution is done, data are sent out with signal 
transfer, from the user, and TX Control changes the memory 
address of register Y from beginning to end, each time an 
element is completely sent, sending first the LSB and then 
the MSB, both temporarily stored in registers in part TX 
Demux. 

TABLE III. NUMERICAL ERRORS DEPENDING ON THE WORD-LENGTH. 

Case (540 
samples) 

Average  
absolute 
error  

Average  
relative error 

 

Average  
percentual error 

( ) 
Q2.13 3.44E-04 5.80E-03 0.5789 

Q2.14 1.87E-04 3.69E-03 0.3699 

Q2.15 7.79E-05 1.60E-03 0.1608 

Q2.16 4.24E-05 7.93E-04 0.0793 

Q2.17 2.75E-05 3.57E-04 0.0357 

Q2.18 1.22E-05 1.50E-04 0.015 

Q2.19 7.43E-06 6.18E-05 0.0062 

Q2.20 3.61E-06 3.88E-05 0.0039 

Q2.21 1.38E-06 1.82E-05 0.0018 

Q2.22 5.03E-07 9.48E-06 0.000948 

 

 
Fig. 7. Cyclone V (GX) FPGA and ModelSim 
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Fig. 8. Architecture with the convolution algorithm and a half-duplex UART. 

A. DATA ANALYSIS 

A testbench of the architecture is performed using 
ModelSim introducing 540 samples. The architecture is 
descripted by VHDL language to the FPGA and the data is 
sent by means of a PC and the serial protocol shown in Fig. 
8. The samples filtered by the FPGA are sent back to the PC 
by the same protocol to be analyzed. Finally, a comparison is 
made between the algorithm implemented in MATLAB 
using 64-bits floating-point arithmetic, the 16-bits with fixed-
point arithmetic and its corresponding test bench in 
ModelSim. This comparison is shown in Fig. 9. 

 

Fig. 9. Comparison between the algorithm implemented in MATLAB (fixed 
and floating point), testbench (ModelSim) and FPGA. 

It is observed in Fig 9. That there are no significant 
differences between the system implemented in FPGA with 
16-bit fixed-point arithmetic and the system implemented in 
MATLAB with 64-bit floating-point arithmetic. Likewise, it 
is observed that there is no difference between the result of 
the FPGA, the testbench and the system implemented in 
MATLAB with 16-bit fixed point arithmetic. With this the 
effectiveness of the architecture is verified. 

 

 

 

VI. CONCLUSIONS 

In this paper, a reconfigurable digital architecture to 
perform 2-dimensional convolution operations was 
presented. The architecture is reusable; therefore, it offers 
flexibility to extend to other algorithms and systems. 

The complete system was designed using advanced 
analysis tools such as MATLAB and ModelSim. It was 
downloaded to an Intel Cyclone V FPGA using the VHDL 
hardware description language. The necessary precision 
analyzes were performed to determine the word length 
required for a specific audio filtering application. The 
parameterizable and reconfigurable hardware description 
allowed the architecture to be modified to meet the minimum 
error and SQNR requirements through minor changes to the 
original code. The system was tested through simulations and 
experiments, demonstrating good performance when is 
compared to the 64-bit implementation with floating point 
arithmetic. Because the architecture can resolve any type of 
two-dimensional convolution, it can be implemented in any 
type of system or project that requires performing this type 
of operation effectively like control systems, digital signals 
processing, image processing etc. 
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