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Abstract— Filtering data in real time requires dedicated 

hardware to satisfy demanding time requirements. Here we 
introduce the adaptive technique applied to acoustic noise 

cancellation i.e. the LMS (Least Mean Square) algorithm. 

The LMS algorithm is used to subtract noise from an input 

audio signal. The LMS adaptive filter uses the noisy signal 

at the input port and the desired signal (noise free) on the 

output port to automatically match the filter response. We 

get noise and original signal separately. Noise signal is error 

signal which is given as a feedback to adaptive filter to 

improve its performance. A simulation of the LMS 

algorithm is done on MATLAB. Further algorithm is 

implemented on DSP processor TMS320C6748. The 

proposed methodology is useful to cancel noise from audio 
signal. The result will be noise free audio signal in the DSP 

board output. 
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I. INTRODUCTION 

The random fluctuation of the acoustic wave is thought as 
noise. The presence of noise in an exceedingly signal alters 

the first signal and leads to the incorrect transmission of the 

required signal. it's a problem in several applications like 

headphones, engines, pumps, etc. one in all the examples is 

that the noise generated by the jet rotary engine that affects 

the comfort level of the airline's passengers. Another 

example is the noise present in hearing aids due to the 

acoustic feedback effect which reduces the performance of 

the hearing aids. Due to the concern on the impact of noise 

on humans, many types of research have been done in 

aiming to eliminate the noise in different applications. Many 

strategies are planned in noise cancellation, the standard 
noise reduction technique relies on passive noise 

management, like mistreatment earplugs, ear-protector, 

sound insulation walls, and muffler. Passive noise 

cancellation (PNC) uses an entity put in within the system to 

isolate the background signal from the encompassing. PNC 

techniques area unit was effective in reducing noise over a 

wide frequency range. Chen and Yijun (2016) reduced the 

total noise from the centrifugal fan, Xu and Mao have 

implemented PNC in the forward-curved centrifugal fan by 

5dB after employing the open-cell metal foam. However, 

the main restriction of passive noise cancellation is that the 
isolation object is comparatively massive and unable to be 

fitted into tiny scale applications. it's additionally restricted 

by the effective frequency range. Thus, acoustic noise 

cancellation (ANC) is developed to hide a wider vary of 

noise frequencies particularly. ANC employs associate 

degree electro-acoustic system to cancel the first noise 

supported the principle of superposition, wherever associate 

degree anti-noise (secondary signal) of equal amplitude 

however with anti-phase is generated and combined with the 

first noise in achieving the cancellation of noise. 

II. LITERATURE SURVEY 

Filtering knowledge in the period of time needs dedicated 

hardware to meet demanding time requirements. Adaptive 

noise Cancellation is an alternate technique of estimating 

signals corrupted by additive noise or interference. The 

adaptive filtering algorithms are used to estimate the 

statistics of the signal if prior information of the signal is not 

known. Adaptive noise cancellation is an approach used for 
noise reduction in the speech signal. As a received signal is 

unendingly corrupted by noise wherever each received 

signal and noise signal each change unendingly, then this 

arises the requirement for adaptational filtering. Researchers 

are focusing on the design and analysis of Acoustic Noise 

canceller based on the LMS algorithm. Some of the 

important researches are as follow:-  

Madhuri Jadhav and Prof. Aarti Bakshi[1], 

conducted study for development of Acoustic Noise 

Canceller Using LMS filter on FPGA board. They replaced 

Programmable Digital Signal Processor (PDSP) systems 
with FPGA due to their parallel architecture, wide 

bandwidth, and flexible nature. Due to its reliable nature and 

ease, high flexibility and high integrated FPGA technology. 

LMS algorithm using FPGA technology was well used in 

adaptive filter, compared with other algorithms it is easy to 

implement. The FPGA technology has achieved 

conspicuous development. System on a Chip (SoC) and 

intellectual property (IP) designs are often integrated and 

downloaded into FPGA to figure with an embedded 

processor. The latest 65 nm technology, which makes the 

function of FPGA even more powerful than ordinary FPGA. 

The 65nm Virtex-5 FPGAs offer unprecedented 
performance at speeds on the average 30 percent faster and 

65 percent increased capacity, while consuming 45 percent 

less area and reducing power consumption by 35 percent 

than previous generation devices. They finally concluded 

that, Adaptive filter uses LMS algorithm for updating the 

filter coefficient as it was found to be the most efficient 

training algorithm for FPGA based adaptive filter. 

Rajshree Tiwari et al [3], studied Adaptive Noise 

Cancellation and review given on implementation of ANC 

on TMS320C6713 DSP Board. They said that 

TMS320C6713 DSP processor board is one such processor 
based on very-long-instruction-word (VLIW) architecture 

which was suitable for signal processing applications which 

are computationally intensive. LMS algorithm is the 

simplest algorithm of all which has been considered due to 

less complexity and ease of implementation they used many 

variants of LMS algorithm such as Normalized LMS 

(NLMS) algorithm, Variable Step-size (VSSLMS) 

algorithm, Block LMS (BLMS) algorithm are implemented 

for noise cancellation. 
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Suman and Poonam Beniwal [5], studied the 

various adaptive filtering techniques for Active Noise 

Control like LMS (Least Mean Square Algorithm), RLS 
(Recursive Least Square algorithm) and Delta Rule 

Algorithm. In that study, they have compared the 

performance of LMS, RLS and delta rule algorithm for a 

white Gaussian noise as reference. They have concluded that 

RLS algorithm is better in performance than both the 

algorithms. But the complexity of the RLS algorithm is 

much more than the complexity of the other two algorithms. 

The delta rule algorithm requires slightly more number of 

computations than the LMS algorithm so as per their 

conclusion LMS algorithm have low computational 

complexity. 

III. METHODOLOGY 

The main objective of this project is to make a machine or 

system that cancels the noise signal (unwanted signal) from 

the audio signal that is plagued by noise. 

The system consists of the following components: 

A. DSP Processor (TMS320C6748) 

1) TMS320C6748 Processor:  

The TMS320C6748 fixed- and floating-point DSP board 

based on very-long-instruction-word (VLIW) architecture 

and DSP C674x core which is suitable for signal processing 

applications which are computationally intensive. 

 
Fig. 1: Block diagram 

Various types of noises are present in the 

environment which can be eliminated by implementing 

ANC system on TMS320C6748 DSP Board by using LMS 

algorithm due to its lower computational complexity. After 

that Code Composer Studio (CCS) is used in which 
algorithm is implemented using c code then it is compiled 

and loaded on targeted device. This DSP TMS320C6748 

provides lower power than other members of the 

TMS320C6000™DSPs.The National Instrument TI DSP 

kits are used to implement the LMS algorithm. The device 

enables original-equipment manufacturers (OEMs) as well 

as original-design manufacturers (ODMs) to bring devices 

quickly in the market. This DSP has robust operating 

systems as well as rich user interfaces. TMS320C67XX 

series provides high processor performance through the 

maximum flexibility of a fully integrated. Figure 2 shows 
the DSP TMS320C6748 processor kit.  

 
Fig. 2: DSP TMS320C6748 Processor 

2) FIR Adaptive Filter: 

The controller filter might take variety of forms, the 
foremost common of that is that the Finite Impulse 

Response (FIR) filter. An FIR filter can be represented as 

shown in the Figure below.  

Here, z-1 represents a delay of one (input) sample 

and wi represents filter weight wi. When there are 

resonances in the system or if there is some noise feedback 

from the control source to the reference sensor, resulting in 

the corruption of the reference signal. Then the FIR filter is 

not the good choice because FIR filter does not uses 

feedback. Then we use Infinite Impulse Response (IIR) filter 

is often chosen due to its feedback property. FIR filters 
Depend on both input as well as output and output is taken 

by feedback. The main advantage of the IIR filter is that it 

can achieve given filtering characteristics in less memory 

and fewer calculations than required by an FIR filter for a 

complex system, thus reducing computational load. But this 

advantage comes at the cost of instability, slower 

convergence and also the possibility of convergence to a 

local minimum in the error surface increases instead of a 

global minimum. 

 
Fig. 3: FIR Filter Architecture 

The three parameters that affect the performance of 

a digital filter in an active noise cancelling system are: the 

type of filter, the filter weight values and the number of 

weights. The adaptation algorithm of the controller is 

responsible for tuning the adaptive filter so that the resulting 

control signal minimises the error signal received by the 

controller. 
3) LMS Algorithm:  

The Least Mean Square (LMS) algorithm was introduced by 

Widrow and Hoff in 1959 [8]. It uses a stochastic gradient-

based method of steepest descent and is the simplest 

technique used for updating the coefficients of an adaptive 

filter. It adopts iterative procedure that makes successive 

corrections to the weights of the filter in the direction of the 
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negative of the gradient vector which gradually leads to the 

minimum mean square error. The LMS algorithm performs 

less operation to update the coefficients of an adaptive FIR 
filter [8]: 

1) Calculate the output signal y(n) from the FIR filter. 

y(n) = u⃑ T(n). w⃑⃑⃑ (n)                                                          (1.1) 

Where,   u⃑ (n)is filter input vector and 

u⃑ (n) = [x(n)x(n − 1)x(n − N + 1)]T                            (1.2) 

w⃑⃑⃑ (n): filter coefficients vector 

w⃑⃑⃑ (n) =  [w0(n)w1(n)…wN−1(n)]
T       (1.3) 

2) Calculates the error signal e(n) by using: 

e(n) = d(n)–y(n)                                                          (1.4) 

3) Updates the filter coefficients by using the update 

equation: 

w(n+1) = w(n) + μ*u(n)*e(n)                                      (1.1) 

where, w(n) : filter coefficients vector 

u(n) : filter input vector 

Stability of LMS algorithm: 

[1] The LMS algorithm is convergent in the mean square, if 
the step size parameter satisfy the following equation 

0< µ<
2

λmax
                                                                        (1.6) 

Where,λmax : largest eigen values of the correlation matrix 

of the input data. 

[2] The stability test is  

0< µ<
2

input signal power
.                                                   (1.7) 

[3] If µ : large, converge rate is fast and the adaption is 

speedy, but if µ is too large it could diverge and can lead to 

unreliability in system. 

Where, μ is the step size of the adaptive filter    

IV. OBSERVATIONS 

We have taken a sine wave signal and applied to the 

adaptive filter. We have implemented an LMS algorithm on 
the adaptive filter for updating filter coefficients and 

observed results. Figure 4 shows the original sine wave 

signal. 

 
Fig. 4: Original sine wave signal 

Fig. 5 shows the original sine wave signal added 

with noise signal. We have generated a noise source in 

MATLAB for checking the signal with the noise source.  

Fig. 6 shows the difference between original signal 

and noise affected original signal. We can give any noise but 
we have given random noise.  Error cannot be fully 

removed. So, Fig. 7 shows the filtered signal. The signal 

was filtered by adaptive filter by LMS Algorithm. The 

coefficients of filter are adjusted by LMS algorithm. Due to 

adaptive nature of signal we have used adaptive filter. Here 

we MATLAB is used as the simulation tool for the project. 
The function adaptfilt.lms() is used for creating the adaptive 

filter working on LMS algorithm. The MATLAB tool r2015 

has been used for analyzing the LMS algorithm. After that 

MATLAB code is converted into c code for using it in Code 

Composer Studio. 

 
Fig. 5: Input signal + Noise 

Fig. 6: Error signal 

Fig. 7: Adaptive Desired output 

V. CONCLUSION 

The hardware implementation of adaptive filters is a tough 

task in real-time practical noise cancellation, echo 

cancellation, prediction and just once programmable 

technologies, where logic is ready at the factory and no 

changes can be made after manufacturing. In this project, 
Adaptive filter uses LMS algorithm for updating the filter 
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coefficient as it found to be the most efficient training 

algorithm for DSP based adaptive filter. From results it is 

observed that the LMS algorithm is less complex and in 
terms of storage it is very efficient. But the convergence 

speed of LMS algorithm is less. We observed that it is 

difficult to eliminate the total noise so, by using adaptive 

filter we can eliminate maximum noise. 
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