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Abstract— This paper describes the concept of Adaptive 

noise cancellation technique. Three types of adaptive speech 

enhancement algorithm are available.  One is least mean 

square algorithm second is Normalize least mean square 

algorithm and third is Recursive least square algorithm. A 

desired signal corrupted by additive noise or interference 

can often be recovered by an adaptive noise canceller using 

least mean squares (LMS) algorithm. In MRI method 

acoustic noise is produce due to the communication between 

medical staff and patient also produces due to high magnetic 

(3-T) field and higher power. This acoustic noise interferes 

with diagnosis and imaging process. The advantages of the 

method are its adaptive capability, higher signal to noise 

ratio and low signal distortion. In this paper, the main aim is 

remove the noise in speech signal and improve the quality of 

speech signal especially for noisy magnetic resonance 

imaging environment 

Key words: Speech Enhancement, MRI Noise, Least Mean 

Square, FPGA          

I. INTRODUCTION 

In many speech related systems, the desired signal is not 

available directly; rather it is mostly infected with some 

interference sources. These background noise signals 

degrade the quality and intelligibility of the original speech. 

In many applications like telecommunication, automatic 

speech recognition, biomedical signal processing, 

background noise is a common problem which degrades the 

quality of the speech signal. Therefore speech enhancement 

is a more important process to improve the speech 

perception in a noisy environment for the human listener. In 

both analog and digital electronic, noise is an unwanted 

perturbation to a wanted signal and can affect files and 

communication of all types, including text, programs, 

images, audio, and telemetry.  

Filter with the adjustable coefficients called 

adaptive filter are employed. An adaptive filter is a filter that 

self adjusts its transfer function according to optimization 

algorithm. It adapts the performance based on the input 

signal. Adaptive filters have the ability to adjust their 

impulse response to filter out the correlated signal in the 

input. They require little or no a priori knowledge of the 

signal and noise characteristics. Adaptive filters have the 

capability of adaptively the signal under non-stationary 

conditions. The adaptive filter uses feedback in the form of 

an error signal to refine its transfer function to match the 

changing parameters. 

II. 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 has a stable and robust performance against 

different signal condition. However it may not have a really 

fast convergence speed compared other algorithm like the 

NLMS and RLS algorithms. The least mean square 

algorithm is a linear adaptive filtering algorithm that 

consists of three processes. Shown in below Fig.1,  x (n) is 

primary input signal it is contain speech signal with noise 

and d (n) is desired signal it is contain only noise signal. 

 
Fig. 1: Block Diagram of Adaptive Filter Algorithm 

Where x (n) = input signal, y (n) = output signal, d 

(n) = desired signal, e (n) = error signal 

A. Filtering Process:  

The output of transversal FIR filter y (n) is a linear 

combination of input signal X (n) and the tap weight vector 

W (n). ),[where X(n)={x(n),x(n-1),x(n-2)…..x(n-N-1)} and  

W(n)={w(0),w(1),w(2),…..w(N-1)} and N, filter length].  y 

(n)=X(n)*W(n),  * indicates convolution operation.  

B. Error Estimation:  

Error signal, e (n) is obtained by comparing the filter output 

y (n) with the desired response d (n). The aim is to make 

y(n) as close as possible to d(n), thus error signal is e(n) = d 

(n) – y (n). 

C. Adaptation Process:  

The weight update formula is     w (n+1) = w (n) + µe. (n).x 

(n).Where μ is the adaptive step size parameter and it 

controls the convergence characteristics of the filter. 

III. SIMULATION RESULT 

An adaptive filter is design with a direct-form FIR filter 

coded in VHDL code and with LMS algorithm written in 

VHDL code executing on the Xilinx ISE 14.1. The system 

architecture of adaptive filter consists of main four modules 

such as 16 bit adder, 16 bit subtractor, multiplier and delay. 
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Fig. 2: RTL View of Adaptive Filter 

 
Fig. 3: Simulation Result of Adaptive Filter 

A. Devices Utilization Summary:  

Selected Device: 3s50pq208-5 

Number of Slice Flip Flops 701 out of 1536 

Number of bonded IOBs 67 out of 124 
Table 1 

B. Timing Summary: 

Minimum period 15.579ns 

Maximum Frequency 64.187MHz 
Table 2 

IV. CONCLUSION 

Convergence speed of least mean square algorithm is 

depending on step size parameter µ. Implementation of 

LMS algorithm is very simple. When step size parameter is 

low then more iteration is needed for convergence. LMS 

algorithm is more suitable for MRI noise. Adaptive filter is 

easily implemented in FPGA. From the result obtained, it is 

concluded that the algorithm maintain the intelligibility of 

the original speech signal. 

V. FUTURE SCOPE 

The primary disadvantages of the LMS algorithm are that it 

has a fixed step size for each iteration. NLMS is an 

extension of the LMS algorithm which bypasses the issue by 

selecting a different step size value μ (n), for each iteration 

of the algorithm. In future, we can use NLMS algorithm 

instead of LMS algorithm for MRI noise 
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