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Abstract— The Least Mean Square (LMS) algorithm is well known algorithm in many digital signal processing 

applications. It has established its popularity in several important areas of application. One such application is eliminating 

noise present in the speech signal. LMS algorithm, on the other hand, offers an excellent alternative, and its best 

characteristic are robustness and simplicity. Its popularity stems from its relatively low computational complexity, good 

numerical stability, simple structure and ease of implementation in terms of hardware. In this paper a adaptive filtering 

technique is used for noise cancellation in speech signal. LMS algorithm is implemented for adaption of the filter 

coefficients. The noise cancellation system is designed in MATLAB Simulink tool box and the simulation of MATLAB 

design is implemented and verified using XILINX 14.1 tool by model sim.  

 

Index Terms— Least Mean Square Algorithm (LMS), Adaptive filter, Adaptive noise cancellation. 

I. INTRODUCTION 

In all practical situations, the received speech waveform contains some form of noise component. The noise may be 

a result of addition of acoustically coupled background noise. Depending on the amount and type of noise, the 

quality of the received waveform can range from being slightly degraded to being annoying to listen to, and finally 

to being totally unintelligible. The most common problem in speech processing is the effect of interference noise in 

speech signals. Interference noise masks the speech signal and reduces its intelligibility. Interference noise can 

come from acoustical sources such as ventilation equipment, traffic, crowds and commonly, reverberation and 

echoes. It can also arise electronically from thermal noise, tape hiss or distortion products. If the sound system has 

unusually large peaks in its frequency response, the speech signal can even end up making itself. The problem of 

removing the unwanted noise component from a received signal has been the subject of numerous investigations. 

The pioneering work of Wiener and others give an optimum approach for deriving a filter that tends to suppress the 

noise while leaving the desired signal relatively unchanged [1] -[3]. The design of these filters requires that the 

signal and the noise be stationary and that the statistics of both signals be known a priori. In practice, these 

conditions are rarely met.  

 In this paper, we present a technique for optimum noise filtering for speech signals based upon the principles of 

least mean square (LMS) adaptive filtering [4]. This technique has the advantage of requiring no a prior knowledge 

of the detailed properties of the noise signal. The technique takes the advantage of the quasi-periodic nature of the 

speech, and preliminary results indicate that the technique improves the perceived speech quality of a signal 

corrupted by additive white noise. LMS is a hardware efficient algorithm because less multiplier is present in LMS, 

to save gate required implementing on FPGA. If multiplier is present, then cost and number of gates increases. The 

LMS algorithm has become a widely used approach to elementary function evaluation where the silicon area is a 

primary constraint.  

II. PROPOSED SYSTEM 

In this paper, we propose low computational complexity LMS algorithm for area-power efficient implementation 

of LMS. The proposed ANC system has comparable or less area complexity with other existing system LMS 

algorithms. 

The proposed ANC design uses two sensors are based on the following key ideas: 

1) The reference sensor measures the primary noise to be cancelled. 

2) The error sensor monitors the performance of the ANC system. 

The adaptive feedback Adaptive Noise Canceller (ANC) system uses only an error sensor and cancels only the 

predictable noise components of the primary noise. The block diagram for the proposed ANC system is shown in 

Fig 1. As shown in the Figure 1 below, an Adaptive Noise Canceller (ANC) has two inputs – primary and reference. 
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The primary input receives a signal s from the signal source that is corrupted by the presence of noise n 

uncorrelated with the signal. The reference input receives a noise n0 uncorrelated with the signal but correlated in 

some way with the noise n. The noise n0 passes through a filter to produce an output nˆ that is a close estimate of 

primary input noise n. This noise estimate is subtracted from the corrupted signal to produce an estimate of the 

signal at sˆ, the ANC system output. In noise canceling systems a practical objective is to produce a system output 

sˆ = s + n – nˆ that is a best fit in the least squares sense to the signal s. This objective is accomplished by feeding 

the system output back to the adaptive filter and adjusting the filter through an LMS adaptive algorithm to 

minimize total system output power. In other words the system output serves as the error signal for the adaptive 

process. 

 

Fig 1: The Proposed Adaptive Noise Canceller System 

Advantages:- 

 This system has an advantage over other implementation algorithm in terms of area, power and speed.  

 Area consumption is less. 

 Less power consumption. 

 Faster convergence. 

 Simple to implement. 

Applications:- 

 This technique has recently gained much attention as a method to eliminate noise contained in useful 

signals. 

 This technique has been applied in various communication and industrial appliances such as hands free 

phones, machineries and transformers. 

 This technique has been implemented in biomedical signal and image processing, echo cancellation and 

speech enhancement. 

III. LMS ALGORITHM 

The best characteristics of LMS algorithm are robustness and simplicity. It has a simple structure and ease of 

implementation in terms of hardware [7]. The main advantage of LMS is that it does not require prior knowledge of 

signal statistics. The weight obtained by LMS is only estimation but it improves gradually with time as weights are 

adjusted and the filter learns the signal characteristics. LMS is simple, low computational complexity and has fast 

convergence rate.Consider the transversal filter with input x (n) i.e. vector of the M (filter length) most recent input 

samples at sampling point n. 

 

x(n)=[x(n),x(n-1),....x(n -M+1)] ………...……………………………………………………………………….(1) 

 

and W (n) i.e. weight coefficients as 

 

W(n)=[W0(n),W1(n),Wm-1(n)] ………………………………………………………………….……………..(2) 
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At some discrete time n, the filter produces an output y (n) which is linear convolution sum given by 

                   M-J 

      y (n) =    ∑   W(n) x(n - k) 

                  k=O 

Also can be represent in vector form as 

 

y(n)=W^T(n)x(n) or x^T(n)W(n)……………………………………………………………………….……….(3) 

 

The error signal is difference of this output with the primary signal d (n) given by, 

 

e(n)=d(n)y(n)……..……………………………………………………………………………………………...(4) 

. 

To optimize the filter design, we choose to minimize the mean-square value of e (n). Thus the cost function is 

defined as the MSE denoted by J 

 

 J = E [e (n) e* (n)] 

   =E [|e (n)|^2] ……………………………………………………………………………………………….....(5) 

 

where E denotes the statistical expectation operator. 

 

Applying the operator Δ to the cost function J, a gradient vector ΔJ obtain as 

 

ΔJ (n) = P - RW (n 

      =x (n) d (n)-x (n) x^T (n) W (n) …………………………………………………………………………....(6) 

 

where R is the autocorrelation matrix of x (n), and P is the cross correlation matrix of d (n) and x (n). 

The LMS algorithm is based on steepest-descent method. To formulate steepest-descent method. Consider a cost 

function J (w) i.e. a continuously differentiable function of some unknown weight vector w. 

To find an optimal solution W0 (initial guess) that satisfies the condition 

J(W0)<=J(W)for all W…………………………………………………………………………………...……..(7) 

  . 

which is a mathematical statement of unconstrained optimization. 

 

 

IV. SIMULATION AND RESULTS 

The design for proposed ANC system is designed in MATLAB Simulink tool box and the Xilinx 14.1 development 

environment was used for implementation of MATLAB design. The design has been transferred to Verilog code 

and it’s the hardware simulation done with the Xilinx ISE simulator and also implemented on Spartan-3 FPGA 

XC3s400pq208-5 board. Area and timing reports are given for particular target device. The power dissipation of 

the proposed system for different clock frequencies is estimated by Xilinx XPower tool. Table 1 shows the device 

utilization summary of ANC system using LMS algorithm. 
Table I: Hardware Device Utilization Summary  

  

  

  

  

  

 

 S.

NO 

Logic utilization Used Available Utilization 

1 Number of slice Flip Flops 114 7168 1% 

2 Number of slice  201 3584 5% 
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3 Number of 4 input LUTs 335 7168 4% 

4 Number of bonded IOBs 49 141 34% 

5 Number of MULT18X18s 10 16 62% 

 

The Figure2 and 3 shows the original and recovered signal. 

 

 
 

Fig2:- Original Signal 

 
Fig3:- Recovered Signal 

The Figure4 shows the error signal. 

 
Fig4:- Error Signal 

The RTL view of Proposed ANC system is shown in Fig5 

 
Fig5: RTL view of Proposed ANC System 
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Timing reports include total time delay for output to appear after giving input. At speed grade of -12, design 

operates at maximum frequency of 137MHz.The minimum period require is 7ns.The power dissipation of the 

proposed architecture for different clock frequencies is estimated by Xilinx XPower tool 0.157watts. And the 

simulation results showed in below Fig6. 

 
Fig6: Simulated result of proposed ANC system 

V.CONCLUSION 

The proposed ANC System provide a noise free from a speech signal using LMS algorithm technique.The LMS 

algorithm technique is suggested to reduce the number of coefficients for low computational complexity. In this 

work, the adaptive noise cancellation process has successfully implemented for three coefficients using Spartan 3 

to reduce the area, multipliers and also proposed ANC system has less area and power consumption of 0.157 watts 

on Xilinx Sparten3 device. 
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