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Hardware Design of Image Channel Denoiser for FPGA
Embedded Systems
Abstract. In this article an FPGA-based image channel denoiser using a 1D-standard-LMS algorithm is proposed. The designed core is written in
VHDL93 language as basis of 1D-FIR adaptive filter. The proposed core is FPGA-brand-independent, hence can be ported on any brand to create a
system-on-chip (SoC). Although using a pure-hardware implementation results in better performance, it is more complex than other structures such
as digital signal processors and Hardware/Software co-designs. The results show improvements in area-resource utilization and convergence speed
in the designed pure-hardware channel denoiser core.
Streszczenie. Zaproponowano metodę usuwania szumów w systemie FPGA bazującą na algorytmie LMS i 1D-SOI filtrze adapatacyjnym.
Przedstawiono możliwości zastosowania metody a gotowym układzie zintegrowanym. (Projekt układu odszumiania w systemie FPGA).
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Introduction
One of the most important branches of signal
processing is adaptive image processing. The main goal of
adaptive processing is type of systems which are adaptively
changed and self-modified. They can enhance their
performance by adaptively learning the characteristics and
adjusting their coefficients. Adaptive systems are greatly
used in many domains such as communication systems,
channel estimation, equalization, sonar, smart antenna,
navigation systems, prediction, system identification and
active noise control (ANC) systems. Adaptive systems
perform an important role in their areas. In some cases
particularly where non-stationary and time-varying signals
are focused, the significance of adaptive processing is clear
[1]. Recently requests for portable, embedded digital signal
processing (DSP) systems and system on programmable
chips (SoPC) have been increased surprisingly.
Applications like audio devices, hearing aids, mobile
phones and active noise control systems with constraints
like power consumption, speed and area, need an
implementation by which these constraints are obtained in a
short time. Some possible solutions are ASIC chips, general
purpose processor (GPP) and digital signal processor.
Although the first option can give a solution to cover hard
constraints, it is missing the flexibility that is available in the
two others. Utilizing field programmable gate arrays
(FPGAs) can reduce the gap between flexibility and high
performance [2]. New FPGAs include many primitives that
provide DSP applications like multiply and accumulate units
(MAC), embedded multipliers, digital clock management
(DCM), DSP-Blocks, and soft/hard processor cores (such
as PPC). These facilities are embedded in FPGA and
improved for high performance applications and low power
consumption. The accessibility of soft/hard core processors
in new FPGAs allows implementation of DSP algorithms
without difficulty [3]. An optional choice is to transfer some
parts of the algorithm into hardware (HW) to enhance
performance. This is called HW/SW co-design. This solution
can result in a better implementation as part of the
algorithm is hastened by HW while the flexibility is well-kept.
Another more effective and more complicated option is to
transfer the whole algorithm into hardware as a pure HW
implementation [4, 5]. Despite the fact that, this is an
interesting option regarding area, speed, performance and
power consumption, the design will be much more
complicated [6, 7]. Studies on LMS algorithm principally
focus on two outlooks. One is the convergence time from
the theoretical viewpoint; some modified LMS algorithms
have been proposed in references [8, 9]. The other is

hardware implementation, in order to improve data
throughput; numerous modified structures for LMS
algorithm like pipeline technique were proposed [10-12].
This article can be categorized into the latter. In serial
image transmitting, digital image data are sent through
communication channels and as a rule of thumb they are
degraded with noise and interferences. Channel noise
cancellation can be used to identify the channel
characteristics and improve image quality [6]. An efficient
architecture for singular value decomposition (SVD) based
on Brent, Luk, Vanloan (BLV) systolic array, was proposed
by A. Ahmedsaid and A. Amira for image de-noising
applications. Among all unitary transformations, SVD is
optimal for image in terms of energy packed in a given
number of transformation coefficients is maximized. One of
the applications of SVD is block SVD image filtering by
which, SVD is used for each partitioned image block. The
results showed good de-noising capability without blurring
the image [13]. Z. Min et al. used FPGA technology for
designing fast median filter and de-noising processing of
images. Also they did analysis of rough sets and the
processing of incomplete information in which, the image is
divided into target and background areas. Their
experimental results showed that parallel processing of
image and pipelining based on FPGA can save time and
meet the real-time necessities [14]. Standard median filter
and multi-level median filter which can keep image
characteristics and thin lines, have also been implemented
using FPGA technology. It has led to real-time image
filtering and a general purpose solution [15]. A new FPGA
implementation of bilateral filter was proposed by A.
Gabiger et al. in 2009. With the help of this design, the
bilateral filter can be implemented as a highly parallelized
pipeline structure with efficient resource utilization. Their
design innovation is sorting the input data into groups so
that kernel-based processing is feasible. It was shown that
at least 3db of noise reduction was achievable without loss
of image features [16]. J.M. Ramirez et al. proposed an
FPGA implementation of linear and morphological image
filtering using Xilinx Spartan3E and Nexys II. The system
takes advantages of available resources in a Nexys II
system based on Spartan3E chips [17]. B. Rajan and S.
Ravi proposed a reconfigurable computing for signal and
image processing applications with high flexibility,
performance and adaptability. Reconfiguration is described
by how fast the reconfiguration can be done and how many
possible reconfiguration can be utilized. This is called
dynamic reconfiguration [18]. They showed that the overall
run-time of implementing the image filter on an Spartan-IIE
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FPGA, including bus overhead, is up to 400 times faster
than a software implementation on a 2.8 GHz Pentium
processor.
In this article we first describe the theory of adaptive
signal processing and LMS algorithms. Then, description of
the designed FPGA-based fixed-point 1D-Standard-LMS
algorithm and its use in channel noise cancellation
implementation are given respectively. Finally, simulationimplementation results and conclusions from the obtained
results are given.

Table 2. Weights Bit-Allocation
Sign Bit
Word Length
1
1

Fraction Length
15

LMS entity
The designed LMS entity is composed of reset, clock,
adc_new_data, desired, input and output ports as illustrated
in Fig. 2:

LMS algorithm
According to LMS algorithm theory [19] and Fig. 1, the
error of filter is calculated by (1).
(1)
en  d n  y n

y n  W nT .U n

(2)

The error is simply the desired output ( d n ) minus the
filter output ( y n ). W n is the filter weight vector and U n is
the filter input vector through taped delay line (TDL). The
weight update equation is defined by:
W n 1  W n   .e n .U n
(3)
This is the Widraw-Haff LMS weight update algorithm [1,
2].  is called learning rate or step-size by which the
convergence speed and stability of filter is adjusted.
Evaluating the effect of choosing different  values and its
relation to eigenvalue spread of input signal is beyond the
scope of this article.

Fig. 2. Entity of Fixed-Point Standard-LMS Channel Noise
Canceller

Reset, clock and adc_new_data signals are one-wire
ports while the others are 17-bit long ports. The reset signal
is used for resetting the algorithm and bringing it to initial
values. The clock signal should be connected to processing
clock. Because the algorithm should know when ADC has
converted a new data, a signal called adc_new_data is
provided so that it is asserted for a short time and then deasserted. When working, first the output of the core is
calculated, then is compared to the desired value and the
error is obtained. The error is used to update the
coefficients of the filter. This process is done repetitively.
The DFD (Data Flow Diagram) of designed LMS-based FIR
core is illustrated in Fig. 3.

Fig. 1. Block Diagram of Adaptive FIR Filter

Fixed-point standard LMS model
In the designed core, it was considered that analog to
digital converter (ADC) unit provides 12-bit signed binary
output , so the model for input data-bit allocation was
designed in two’s complement form with 17-bit length as in
Table 1. One bit is for sign bit, 12 bits are for representing
integer part of number and one bit fraction-length is dummy
and not used for input/output data, but is necessary for
weight update. Table 2 demonstrates the LMS weight bitallocation. As is evident from Table 2, the most bits are
assigned for fraction part and it is because filter weights are
normally between -1 to +1. The output of LMS filter is
calculated by equation (2) and is accomplished by FPGA
internal MULT18X18 multiplier block, thus the LMS output
will be 34-bit long. To fit in 17-bit long format and having
minimum discarding error, Y is truncated from 31 down to
15 bit-indexes. As mentioned beforehand, weights are
updated based on equation (3), hence, the resulting length
for W is 51-bit long. Again to fit in 17-bit long format and
having minimum discarding error, W is truncated from 33
down to 17 bit-indexes.
Table 1. Input Data Bit-Allocation
Sign Bit
Guard Bits
Word Length
1
3
12
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Fraction Length
1

Fig. 3. Data Flow Diagram of LMS-based Channel Noise Canceller
Core

Simulation of proposed model
The performance of the proposed model is evaluated by
using it as an adaptive-FIR channel identifier with 64
coefficients.
1- Test data creation
For simulation and verification of designed core, there
should be some image test data. MATLAB was used to
create the essential image test data. An M-file is written to
write the results in separate text files to use in ModelSim
VHDL simulator. The designed core VHDL file and testbench file is compiled in ModelSim Simulation software as
VHDL93 standard. At the end of simulation the output data
which has been written in a text file is brought to MATLAB
workspace and converted from double to int16.
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2- Software simulation results
In our simulation an image containing Persian words,
“ ”دوربين تلويزيوني رنگيis degraded with normally
distributed random numbers as channel noise. Then the
designed core tries to identify the channel characteristics
and remove the channel noise from image.  is chosen

1/ 215 . Fig. 4 shows the results and Table 3 gives the
obtained performance.

Fig. 4. (a) Clear Image

the filter have successfully adapted and learned the
environment statistics with a fast convergence speed.
Comparisons with other implementations showed better
convergence speed and lower resource utilization on
FPGA. The proposed model is FPGA-brand independent so
can be implemented on any FPGA brand (XILINX,
ALTERA, and ACTEL). Although using a pure-hardware
implementation results in better performance than software
or HW/SW co-design implementation, it is more complex
and low flexible. Future study would be focused on
implementing variable step-size Block-LMS algorithm (VSSBLMS) and using soft/hard processor cores.
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