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Abstract 

 

Filtering data in real-time requires dedicated hardware to meet demanding time requirements. If the statistics of the signal are not 

known, then digital filtering algorithms can be implemented to estimate the signals statistics iteratively. Modern field 

programmable gate arrays (FPGAs) include the resources needed to design efficient filtering structures. This research aims to 

combine efficient filter structures with optimized code to create a system-on-chip (SoC) solution for various digital filtering 

problems. LMS algorithms have been coded in VHDL. The designs are evaluated in terms of filter throughput, hardware 

resources, and speed performance and to evaluate the mean square error of 16 adaptive digital filters. 
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_______________________________________________________________________________________________________ 

I. INTRODUCTION 

This paper is to explore the use of embedded System on Chip (SoC) solutions that modern Field Programmable Gate Arrays 

(FPGAs) [1] offer. Specifically, it will investigate their use in efficiently implementing digital filtering applications, [2] Different 

architectures for the digital filter will be compared with LMS algorithms implemented in the FPGA fabric only, to determine the 

optimal system architecture. and design and synthesized of 16bit LMS Adaptive Filter with and without using DA and to 

evaluate mean square error of 16 bit adaptive filter with parameter convergence factor 0.5 and filter length 16 bit and no of 

iteration 1000.  

Recently mobile communication systems require size reduction, high levels of integration and fewer surface-mounted devices 

as to achieve low cost, robust and highly efficient operation of the system. FPGA technology provides benefits of low cost and of 

high integration with neighboring circuits. [3] Best architecture give the better solution for system chip level. The electronics 

industry has achieved an excellent growth over the last few decades, mainly due to the rapid advances in integrated technologies 

and FPGA Technology. The use of integrated circuits in high performance computing, telecommunications, and consumer 

electronics has been growing at very fast pace in digital domain. Better architectures of digital filter give the best output of 

filtering of data.[4] The purpose of this thesis is to explore the use of embedded System on Chip (SoC) solutions that modern 

Field Programmable Gate Arrays (FPGAs) offer. Specifically, it will investigate their use in efficiently implementing digital 

filtering applications, Different architectures for the digital filter will be compared with LMS algorithms implemented in the 

FPGA fabric only, to determine the optimal system architecture Modern computational power has given us the ability to process 

Tremendous Amounts of data in real‐ time. DSP is found in a wide variety of Applications, such as: filtering, speech recognition, 

image enhancement, and data Compression, neural networks; as well as functions that is unpractical for Analog implementation, 

such as linear‐ phase filters Signals from the real World are naturally analog in form, and therefore must first be discretely 

Sampled for a digital computer to understand and manipulate. The signals are discretely sampled and quantized, and the data is 

represented in binary format so that the noise margin is overcome. This makes DSP algorithms insensitive to thermal noise. 

Further, DSP algorithms are  

Predictable and repeatable to the exact bits given the same inputs. [6]This has the advantage of easy simulation and short 

design time. Additionally, if a prototype is shown to function correctly, then subsequent devices will also .There are many 

advantages to hardware that can be reconfigured with different programming files.[7] Dedicated hardware can provide the 

highest processing performance, but is inflexible for changes. Reconfigurable hardware devices offer both the flexibility of 

computer software, and the ability to construct custom high performance computing circuits the hardware can swap out 

configurations based on the task at hand, effectively multiplying the amount of physical hardware available. 
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II. ADAPTIVE DIGITAL FILTER 

An adaptive filter is a filter that self-adjusts its transfer function according to an optimization algorithm driven by an error signal. 

Because of the complexity of the optimization algorithms, most adaptive filters are digital filters. By way of contrast, a non-

adaptive filter has a static transfer function. Adaptive filters are required for some applications because some parameters of the 

desired processing operation (for instance, the locations of reflective surfaces in a reverberant space) are not known in advance. 

The adaptive filter uses feedback in the form of an error signal to refine its transfer function to match the changing parameters. 

Generally speaking, the adaptive process involves the use of a cost function, which is a criterion for optimum performance of the 

filter, to feed an algorithm, which determines how to modify filter transfer function to minimize the cost on the next iteration. As 

the power of digital signal processors has increased, adaptive filters have become much more common and are now routinely 

used in devices such as mobile phones and other communication devices, camcorders and digital cameras, and medical 

monitoring equipment. In practice, signals of interest often become contaminated by noise or other signals occupying the same 

band of frequency. When the signal of interest and the noise reside in separate frequency bands, conventional linear filters are 

able to extract the desired signal. However, when there is spectral overlap between the signal and noise, or the signal or 

interfering signal’s statistics change with time, fixed coefficient filters are inappropriate. 

This situation can occur frequently when there are various modulation technologies operating in the same range of frequencies. 

In fact, in mobile radio systems co‐ channel interference is often the limiting factor rather than thermal or other noise sources. It 

may also be the result of intentional signal jamming, scenario that regularly arises in military operations when competing sides 

intentionally broadcast signals to disrupt their enemies’ communications. Furthermore, if the statistics of the noise are not known 

a priori, or change overtime, the coefficients of the filter cannot be specified in advance. In these situations, adaptive algorithms 

are needed in order to continuously update the filter coefficients. 
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Fig. 1: Block Diagram for the Adaptive Filter 

III. LEAST MEAN SQUARE ALGORITHM: THE LEAST MEAN SQUARE (LMS) ALGORITHM 

Least Mean Square Algorithm: The Least Mean Square (LMS) algorithm, introduced by Widrow and Hoff in 1959 is an adaptive 

algorithm, which uses a gradient-based method of steepest decent LMS algorithm uses the estimates of the gradient vector from 

the available data. LMS incorporates an iterative procedure that makes successive corrections to the weight vector in the 

direction of the negative of the gradient vector which eventually leads to the minimum mean square error. Compared to other 

algorithms LMS algorithm is relatively simple; it does not require correlation function calculation nor does it require matrix 

inversions. 

Consider the Nth order of FIR(Finite Impulse Response) digital filter with input signal vector S(k) and N-taps Coefficients 

vector W(k) can be expressed as; 

S (k) = [s(k), s(k-1)…s(k-n+1)]T                                                (1) 

And 

W (k) = [w0 (k), w1(k)…WN-1(K)]T                                        (2) 

An output signal of FIR digital filter can be expressed as  

Y(k) = ST(K)W(K)=FTAT(K)W(K)                                         (3) 

Defining an address matrix A (k) and scaling vector F as, 

A (k)=[■(b0(k)&⋯&b0(k-N+1)@⋮&⋱&⋮@b_(B-1(k))&⋯&b_(B-1(K-N+1) )]                          (4) 

And 

F = [-20 , 2,.2-(B-1)]T                                                               (5) 

Where B is input signal world length, the relationship between input signal and address matrix can be shown as follows; 

S (k) = [ b0 (k),b1(k),…..bB-1(K)]F                                         (6) 

From eq. (4) the address vector will be defined as; 

Avid (k) = [bi (k),bi(k-1),……,bi(k-N+1)]T 

i=0, 1,., B-1,                                                                               (7) 

Digital equalization for PRML channel uses least mean square (LMS) algorithm in order to update filter coefficient. The 

equation for coefficient updating of LMS algorithm [2-9] can be expressed as. 
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W (k+1) = W (k) + 2μe (k)S(k)                                                    (8) 

Hence multiply the both side of Eq.(8) by AT(K) will give  

AT(K)W(K+1) =AT(k)[W(k)+2μe(k)S(k)]                                  (9) 

Replace S (K) =A (K)F into Eq.(9) will be 

AT(K)W(K+1)=AT(K)[W(K)+2 μe(k)A(K)F]                              (10) 

 The error signal e(k) can be obtained by; 

e(k)= d(k)-y(k)                                                                                (11) 

Where d (k) is a desired signal 

The adaptive function space (AFS) is defined as                   

P(k)= AT(K)W(K)=[P0(K),…………..PB-1(K)]                          (12) 

And P (K+1) =AT(K) W (K+1) = [P0(K+1),…………..PB-1(K+1)]T                                         (13) 

The ith elements of p (k) and p(k+1) are partial products that related to address vector AVi(K)  

Which is ith row vector of AT(k).Also, time index of P(k) and P(k+1) correspond to W(k) and W(k+1) respectively. There are 

2N partial product for the Nth order input signal vector p(k) and product for the Nth order input signal vector .P(k) and P(K+1) 

include B elements selected by B address vectors substituting Eq.(12) and Eq.(13) to Eq.(10), will be obtained  

P(K+1)=P(k)+2μe(k)AT(k)A(k)F                                                (14) 

The output signal can be represents as. 

Y(k= FTP(k)                                                                                 (15) 

Assume the input signal is white noise with zero mean unit variance. An expectation value of AT (K) A(k)F becomes  

E[AT(K)A(k)F=.25NF                                                                (16) 

Replace AT(K) A(k)F in Eq.(14) with Eq.(16), also Eq.(14) is simplified to  

P(k+1) =  p(k)+0.5μe (k)Ne(k)F                                                  (17) 

The term 0.5 μ N in Eq (17) can be treated as a constant, inter power of two. Therefore, it is possible to implement hardware 

without multipliers. Also, it can be obtained multiplier less adaptive digital filter with LMS adaptive algorithm. 

IV. FLOW GRAPH OF LMS ADAPTIVE ALGORITHM 

 
Fig. 2: Design Flows of LMS Adaptive Filter 
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V. HARDWARE ARCHITECTURE FOR ADAPTIVE DIGITAL FILTER BASED DA 

 
Fig. 3: hardware architecture for adaptive digital filter based DA 

 Working of 16 bit Adaptive digital Filter based DA Architecture: A.

An architecture for hardware implementation of adaptive filter uses distributed Arithmetic (DA).which is one method often 

preferred since its eliminates the need for hardware multiplier and is capable of implementing high order filters with very high 

throughput . 

Distributed Arithmetic realization of LMS adaptive digital filter .the major design hardware components consist of PISO 

(parallel in serial out shift register), SISO (serial in serial out shift register), buffer, scaling, accumulator ,adder, subtract or, 

update new partial product circuit RAM and control unit .therefore the hardware architecture can be describe by 6 step as 

follows: 

 A/D is controlled by signal SC, will convert analog signal s(t) to digital signal s(k).hence signal lr will be loaded to 

PISO and signal clk will be shifted each bit of data .data that shifted each bit of SISO by same signal clk. 

 Output of PISO and each SISO can be divided to two groups, one group used for RAM addressing. In the same time 

another used for prepare data to repeat RAM addressing after input signal shifted already. 

 For the first time of RAM addressing. Output of RAM will be added to scaled value from ACC using scaling 

accumulator that controlled by signal s a result will be loaded to ACC by signal lacc. In the time signal d_wr that used 

for RAM reading will be active. 

 Repeat in step 3, output of RAM will be subtracted from scaled value from ACC. result will be loaded to first buffer by 

signal lr, then signal clacc will clear ACC and signal lbuff_op will be loaded to second buffer for converting digital 

signal y(k) to analog signal y(t)  by D/A. 

 Error signal e(n)can be found by difference between desire signal d(k)  and output y(k),the error signal will be passed to 

update new passed to update new partial products circuit that contained with bank of shift register to calculate value 

0.5ne(k) . 

 Same address by new partial product p(k+1) are old partial product p(k) added with result in step 5.in this time signal 

d_wr that used for RAM reading will be active ,and repeat in step 1-6 respectively. 

VI. SIMULATION AND SYNTHESIS RESULT (E) THE COMPARISON OF THE PERFORMANCE PARAMETERS 

Table – 1 

Simulation and Synthesis Result (e) The comparison of the performance parameters 

Performance parameter 8bits Adaptive Digital Filter 16 bit LMS Adaptive Digital Filter 16 bit adaptive filter using DA 

Memory bits 320 386out of 4646 1out of 4  25% 

Memory %Utilization 5% 386out of 4646  8% 1out of 72000 1% 

LCs 506 585 out of 9312 1of 204000 

LC% Utilized 87% 585 out of 9312 6% 1out of 4  25% 

No    of 4 input LUTs - 585 out of 9312 6% 1of 204000 

No of IOs - 319 out of9312 6% 7 

No of bonded IOBs - 67 6 
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This paper presents the development of algorithm, architecture and Implementation for speech processing using FPGAs. The 

VHDL code in RTL compliant and works for using Xilinx tools. Adaptive filter is a filter that varies in time, adapting their 

coefficients according to some reference using LMS algorithm. We are often faced with the problem of estimating an unknown 

random signal in the presence of noise. This is usually accomplished so as to minimize the error in the estimation according to a 

certain criterion. This leads to the area of adaptive filtering. 

VII. DISPLAY THE TIME DOMAIN OF THE UNFILTERED INPUT SIGNAL: 

 

 

 

 

 
Final Mean square Error = 0.1598. 

SNRf = 9.0459 



Design and Synthesis of 16 bit Adaptive Digital Filter Architecture  
(IJIRST/ Volume 2 / Issue 02 / 017) 

 

 
All rights reserved by www.ijirst.org 92 

 Conclusion and Future Work A.

 Timing Summary: 1)

Speed Grade:-3 

Minimum period: 1.046ns (Maximum Frequency: 956.023MHz) 

Minimum input arrival time before clock: 0288ns 

Maximum output required time after clock: 0609ns 

Maximum combinational path delay: No path found. 

 Timing Details: 2)

All values displayed in nanoseconds (ns) 

Clock period: 1.046ns (956.02MHz) 

Total number of Path/:3/3 

Delay: 1.046ns (levels of logic=0) 

 

Mean square Error 16 bit of LMS Adaptive Filter: 

Convergence factor =0.5 

Filter length=16 

No of Iteration =1000 

 Future Work B.

High level design languages for programmable logic could help to ease the design flow of difficult algorithms. However, many 

are still in early stages and have trouble inferring device specific components, such as microprocessors. Evaluating these new 

languages and their integration with embedded microprocessors, would be useful. Many times the decision to use an embedded 

microprocessor focuses on the power consumed and logic cells saved. Therefore, framework for determining the amount of 

equivalent logic cells recovered for a given function on the microprocessor is needed 

REFERENCES 

[1] P. A. Regalia, “Adaptive IIR filtering in signal processing and control”, Marcel Dekker, New   York, 1995 

[2] A. Hirano and A. Sugiyama, “A noise-robust stochastic gradient algorithm with an adaptive step-size for mobile hands-free telephones,” in Proc. IEEE 
ICASSP, vol, pp. 1392–1395. . 2, May 1995 

[3] N. J. Bershad and J. C. M. Bermudez, “A nonlinear analytical model for the quantized LMS algorithm - the power-of-two step size case,” IEEE 

Transactions on Signal Processing, vol.44, No. 11, pp. 2895- 2900, November 1996. 
[4] E. H¨ansler and G. U. Schmidt, “Hands-free telephones – joint control of echo cancellation and post filtering,” Signal Process. vol. 80, no. 9, pp. 2295–

2305, Sep. 2000 

[5] A. Mader, H. Puder, and G. U. Schmidt, “Step-size control for acoustic echo cancellation filters – an overview,” Signal Process., vol. 80, no. 9, pp. 1697–
1719, Sep. 2000. 

[6] J. Treichler, C. R. Johnson, Jr., and M. G. Larimore, “theory and design of adaptive filters”, Prentice-Hall, Upper Saddle River, 2001. 

[7] T. Y. Al-Naffouri and A. H. Sayed, “Adaptive filters with error nonlinearities: Mean-square analysis and optimum design,”EURASIP Applied Signal 
Process., vol. 2001, no. 4, pp. 192–205, Oct. 2001 

[8] M. H. Costa and J. C. M. Bermudez, “An improved model for the normalized LMS algorithm with Gaussian inputs and large number of coefficients,” in 

Proc. of the 2002 IEEE International Conference on Acoustics, Speech and Signal Processing (ICASSP-2002), Orlando, Florida, pp. II- 1385-1388, May 
13-17, 2002. 

[9] C. Ludovico and J. C. M. Bermudez, “A recursive least squares algorithm robust to low- power excitation,” in. Proc. 2004 IEEE International Conference 

on Acoustics, Speech and Signal Processing (ICASSP-2004), Montreal, Canada, vol. II, p. 673-677, 2004 
[10] D.J. Allred, W. Huang, Y.Krishnan, H. Yoo, D.V Anderson, "An FPGA implementation for a high throughput adaptive filter using distributed arithmetic." 

12th Annual IEEE Symposium on Field-Programmable Custom Computing Machines, pp. 324 - 325, 2004 
[11] P. M. S. Burt and P. A. Regalia, “A new framework for convergence analysis and algorithm development of adaptive IIR filters,”, vol. 2, pp. 441–444. in 

Proc. IEEE ICASSP, Montreal, 2004 

[12] S. J. M. de Almeida, J. C. M. Bermudez, N. J. Bershad and M. H. Costa, “A statistical analysis of the affine projection algorithm for unity step size and 
autoregressive inputs,” IEEE Transactions on Circuits and Systems - I, vol. 52, pp. 1394-1405, July 2005 

[13] Speech enhancement based on minimum mean-square error estimation and super Gaussian priors,” IEEE Trans. Speech Audio Process., vol. 13, no. 5, pp. 

845–856, Sep. 2005 
[14] J. C. M. Bermudez, N. J. Bershad and J. Y. tournament, “An Affine Combination of Two LMS Adaptive Filters Transient Mean-Square Analysis,” IEEE 

Trans. On Signal Process. v. 56, p. 1853-1864, 2008 

[15] M. H. Costa, L. R. Xiamen’s and J. C. M. Bermudez, “Statistical Analysis of the LMS Adaptive Algorithm Subjected to a Symmetric Dead-Zone 
Nonlinearity at the Adaptive Filter Output,” Signal Processing, v. 88, p. 1485-1495, 2008. 

[16] J. C. M. Bermudez, N. J. Bershad and J.-Y. Tournament, “An Affine Combination of Two NLMS Adaptive Filters - Transient Mean-Square Analysis,” In 

Proc. Forty-Second Alomar Conference on Grove, CA, USA, 2008 
[17] P. Honeine, C. Richard, J. C. M. Bermudez and H. Snoussi, “Distributed prediction of time series data with kernels and adaptive filtering techniques in 

sensor networks,” In Proc. Forty-Second Asilomar Conference on Asilomar Conference on Signals, Systems & Computers, Pacific Grove, CA, USA, 2008 

Asilomar Conference on Signals, Systems & Computers, Pacific 
[18] S. J. M. Almeida, M. H. Costa and J. C. M. Bermudez, “A Stochastic Model for the Deficient Length Pseudo Affine Projection Adaptive Algorithm,” In 

Proc. 17th European Signal Processing Conference (EUSIPCO), Aug. 24-28, Glasgow, Scotland, 2009. 

[19] P. Honeine, C. Richard, J. C. M. Bermudez, H. Snoussi, M. Essoloh and F. Vincent, “Functional estimation in Hilbert space for distributed learning in 
wireless sensor networks,” In Proc. IEEE International Conference on Acoustics Speech and Signal Processing (ICASSP), Taipei, Taiwan, p. 2861-2864, 

2009. 



Design and Synthesis of 16 bit Adaptive Digital Filter Architecture  
(IJIRST/ Volume 2 / Issue 02 / 017) 

 

 
All rights reserved by www.ijirst.org 93 

[20] Sudhanshu Baghel, Rafiaham ed Shaik, “FPGA Implementation of Fast Block LMS Adaptive Filter Using Distributed Arithmetic for High Throughput”, 

p443-p447, 2011. 
[21] Md .Shamim Reza, Mihali Ciobotaru and Vassilios G .Agelidis “Instantaneous Power quality analysis using Frequency Adaptive Kalman Filter 

Technique.” I EEE 7th International power Electronics and motion control conference-ECCE Asia June 2-5 June 2012, Harbin, China. 

[22] P. M. S. Burt and P. A. Regalia, “A new framework for convergence analysis and algorithm development of adaptive IIR filters,” Accepted for publication, 
IEEE Transactions on Signal Processing 

[23] S. S. Godbole1, P. M. Palsodkar2 and V.P. Raut3 “FPGA Implementation of Adaptive LMS Filter”Proceedings of SPIT-IEEE Colloquium and 

International Conference, Mumbai, Indian vol. 2, 2 2 6 
[24] Asit Kumar Subudhi1, Biswajit Mishra 2, Mihir Narayan Mohanty3* 1Asst. Prof., DRIEMS, Cuttack 2,3ITER, Siksha O’ Anusandhan University, 

Bhubaneswar “VLSI Design and Implementation for Adaptive Filter using LMS Algorithm”. 

[25] Jisha M. Vijayan, Arathy Iyer Area “Efficient Fast Block LMS Adaptive Filter Using Distributed Arithmetic”Jisha M. Vijayan, Arathy Iyer / International 
Journal of Engineering Research and Applications (IJERA) ISSN: 2248-9622 Vol. 3, Issue 1, January -February 2013, pp.1671-1675.  


