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Abstract—The project presents a design and implementation 

of a 64 tap 16bit finite impulse response (FIR) filter core. 

Implementing the fixed-point for calculation, the FIR core 

receives 16bits signed Q1.15 inputs and coefficients, implementing 

Q7.30 width of data path inside, and generates signed Q7.9 data 

output. The FIR core receives the input samples at a throughout 

of 10KS/s, and the computation core runs at a higher clock 

frequency inside. To convey the data across two asynchronous 

clock domains, a Clock Domain Crossing (CDC) FIFO receiving 

dual clock is implementing. The data path is based on a single 

MAC unit controlled by the Finite-State-Machine (FSM), 

balancing the hardware efficiency and the speed. A Matlab-

generated golden model is used for functional verification and 

accuracy analysis. The post-synthesis analysis is implemented to 

further confirm its functionality and timing compliance. 
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I. INTRODUCTION  

Finite impulse response (FIR) filters are fundamental 
building blocks in digital signal processing systems and are 
widely used in applications such as communications, audio 
processing, and data acquisition. Compared to infinite impulse 
response (IIR) filters, FIR filters offer inherent stability and 
linear-phase characteristics, making them well suited for 
hardware implementation in fixed-point digital systems.  

The main calculation that the FIR is implementing can is an 
accumulation. The expression is shown below, x[n] is the input 
signal, y[n] is the output signal, N is the filter order (number of 
taps), bi is the filter coefficient. This computation is also known 
as discrete convolution [1]. 

𝑦[𝑛] =∑(𝑏𝑖 × 𝑥[𝑛 − 𝑖])
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In practical digital systems, FIR filters are required to 
operate under constraints on throughput, area, and power 
consumption. Hence, fixed-point arithmetic is usually 
implemented to balance the hardware efficiency and 
computation accuracy.   

This project focuses on the design and implementation of a 
16-bit 64-tap FIR core, implementing Q7.30 [2] width of data 
path inside, and generates signed Q7.9 data output. The FIR core 
supports receiving data at a throughout of 10K/s, and can run the 

inner computation at a much higher frequency. The maximum 
inner clock frequency that the FIR can support is 21.275MHz. 
To minimizing the area while maintaining functionality, a single 
multiplier–accumulator (MAC) unit controlled by a FSM is 
implemented, sequentially performs the MAC operations over 
all taps[3]. 

To address the clock domain crossing issue due to the two 
asynchronous clocks the FIR receives, the CDC FIFO is 
designed the convey the input data from 10K/s throughout to the 
inner clock domain. Otherwise, direct data transfer would lead 
to metastability and functional errors. 

The design of FIR core is developed using the Verilog RTL 
and verified through the Matlab golden module. The RTL 
implementation is functionally verified through simulation and 
further validated using post-synthesis timing analysis. 

II. ARCHITECTURE & DESIGN METHODOLOGY 

A. Architecture 

The FIR filter core is controlled by a finite-state machine 
(FSM) that coordinates coefficient loading, input data buffering, 
MAC computation, and register shifting. The FSM ensures 
correct data flow while enabling a single MAC unit to be reused 
for all 64 taps. 

After reset, the FSM enters the IDLE state, where all control 
signals are deasserted. When the coefficient load signal (cload) 
is asserted, the FSM transitions to the PRE_LOAD state and 
writes the FIR coefficients into the coefficient memory. 

Once coefficient loading is complete and valid input data is 
available, the FSM moves to the WAIT_DATA state. In this 
state, input samples are written into the CDC FIFO as long as 
the FIFO is not full. When valid data is present and the FIFO is 
not empty, the FSM proceeds to the REG_WRITE state. 

In the REG_WRITE state, one input sample is read from the 
FIFO and written into the shift register. The FSM then enters the 
MAC state, where the multiply–accumulate operation is 
performed. Each clock cycle computes one tap of the FIR filter, 
and this state repeats until all 64 taps are processed. 

After completing the MAC operations, the FSM enters the 
SHIFT state, where the shift register is updated to prepare for 
the next input sample. The FSM then returns to the 
WAIT_DATA state to continue processing subsequent samples. 



 

Fig.  1 ASM figure for the FSM 

B. ALU module 

The ALU in this project implements a single-MAC 
(Multiply–Accumulate) unit used by the FIR core to compute 
one convolution output every 64 cycles. It performs signed 
fixed-point multiplication (Q1.15 × Q1.15 → Q2.30), 
accumulates the 64 partial products with an extended internal 
precision (37 bits), and outputs a truncated 16-bit Q7.9 result. 
The ALU is designed as a sequential MAC engine, reusing one 
multiplier and one adder to minimize area and power, consistent 
with the project guideline requiring "one computational unit". It 
receives input samples (Din) and coefficients (Cin) each cycle 
from the data path( the data come from the register and memory 
in the system) and forms a multiply-accumulate operation when 
enabled, and signals one valid output every 64 MAC operations.  

C. Coefficient Memory and Shift Register 

The CMEM module stores 64 coefficient values required by 
the FIR core. Coefficients are written via Din, addressed by 
caddr, and activated by cload. Read operations provide the 
coefficient value for the ALU based on the same address. 

The shift register module implements a 64×16 shifting buffer. 
It supports three operations: Write enable (we): Load new 16-bit 
input to D[0]; Shift enable (se): Shift all stored values upward; 
Read enable (re): Output the oldest stored value D[addr], 
therefore all register can be selected to connect to the output port. 

D. CDC FIFO 

The FIFO support two clock signal inputs and a reset. The 
width of input and output signals are 16bit (Q1.15). Two control 

signals (write enable and read enable) are supported. The output 
of the FIFO are data, empty flag and full flag. 

In this asynchronous, the write pointer is generated under 
clk1, but the read pointer is generated under clk2, the two clocks 
are independent. Therefore, any signal transferred directly from 
one clock domain to another may cause set-up/hold time 
violation, leading to the metastability. 

The read and write pointer inside are transformed to gray 
code before they are implemented to generate the full and empty 
signal. Because the gray changes only one bit at a time, using 
the gray code can help to prevent the metastability. Full and 
empty conditions depend on comparing synchronized pointers. 
Stable, monotonic Gray code ensures these comparisons remain 
correct even when the clocks are asynchronous 

To reduce the metastability to an acceptably low probability, 
the pointers need to go through two flip-flops, thus the 
synchronized pointer w_ptr_2 and r_ptr_2 are considered as safe 
for functional logic. 

III. FUNCTIONAL VERIFICATION 

To verify the functionality of the FIR core, a MATLAB-
generated golden module is implemented. In addition, the output 
txt file is sent to the MATLAB to conduct error analysis. 

A. RTL simulation. 

Implementing the Matlab to generate the random 64-tap 16-
bit coefficients for the FIR core. For testing, a random generated 
10000 data file is implemented to send the data input to the FIR 
core at a throughout of 10K/s.   

In the test case, the 64 tap coefficient is loaded to FIR core 
initially before the computation. At this stage, the state of the 
FSM is “PRE_LOAD”.  

 

Fig.  2 RTL waveform 
After finishing the loading of coefficients, valid_in is set to 

high and the data begins to be sent to the FIR core. The 
sequentially computation runs in the inner clock frequency of 
1MHz, and the FIR core receives input and generates data output 
at the throughout of 10KHz. 

 

Fig.  3 output waveform 

B. Logic Synthesis  

Logic Synthsis is implemented to generate the netlist file, 
and the total are of the FIR core is 150462. 



 

Fig.  4 area report 

C. Post-Synthesis Verification and accuracy analysis 

 
Fig.  5 post-synthesis waveform 

Latency can be observed for the post-synthesis verification, 
and the waveform is the same as the pre-synthesis. For accuracy 
analysis, the Q7.9 output data txt file is sent the matlab. The 
accuracy is analyzed by comparing the results with the output 
file generated by MATLAB golden module.  

 

Fig.  6 output file 
Error Analysis: 

RMSE= 0.228299 

NRMSE= 1.2120% 

MAX error= 0.398438 

 
Fig.  7 error analysis 

D. Power and Timing Analysis  

Total power: 

 

Fig.  8 power report 

Maximum frequency:  

23.2812ns*2 is the shortest period for clock2, so the 
maximum delay for the FIR is 21.475MHz. 

Max path: 

 

Fig.  9 Max path 
 Min path: 

 
Fig.  10 Min path 

IV. CONCLUSION 

This project successfully designed, implemented, and 
verified a 64-tap 16-bit fixed-point FIR filter core with an 
integrated CDC FIFO for reliable operation across 
asynchronous clock domains. The FIR core supports signed 
Q1.15 input samples and coefficients, employs a Q7.30 internal 
data path for improved numerical precision, and produces signed 
Q7.9 output data suitable for low-bandwidth signal processing 
applications. 

Overall, this project demonstrates a complete and robust FIR 
filter implementation, covering architectural design, fixed-point 
analysis, CDC handling, RTL development, synthesis, and 
verification. The design methodology and modular structure 
provide a solid foundation for future extensions, such as higher-
order filters, pipelined MAC architectures, or dynamic 
coefficient updates. 
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