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 Background: The adaptive line enhancer (ALE) is employed the desired heart sound 
signal (HSS) from the recorded lung sound signal (LSS). In this paper thirteen day’s 
new born baby lung sound signal taken as a input of the adaptive line enhancer. Least 
mean square algorithm (LMS) weights are continually updated and the 8th order linear 
predictive FIR filter is used to reduce the interference from the input signal to the 
desired heart sound signal.Objective: Achieve the desired Heart sound signal (HSS) 
without interference of the noise and lung sound from the recorded lung sound signal 
(LSS) and its occupied minimum area to obtain the ASIC design. Results: The 
performance of the desired Heart sound signal to minimize error rate, Mean square 
error (MSE) and get the maximum signal – to – noise rate (SNR). The performance of 
such parameters can be calculated and verified by using the MATLAB 7.0. The results 
are compared with the MATLAB results and the simulation of  verilog code for 
Synopsys tool.Conclusion: The architecture of the ALE – LMS system written by a 
verilog code modeling and implemented in ASIC design with carried out the area, 
power and timing reports taken from Synopsys tool. In a ASIC design to achieve the 
minimum area occupied for the entire system of ALE-LMS in 116011.20 µm. 
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INTRODUCTION 

 
Lung Sounds: 

A typical lung structure showing its key components is shown in Fig 1.1 Generally; lung sounds are 
produced during inspiration and expiration cycles, and are found in the frequency range 20-1200Hz (Braunwald 
et al, 2004). There are two types of lung sound, namely - normal and abnormal lung sounds. Normal lung 
sounds originate from within each lobe of the lung during inspiration and from central airways (trachea) during 
expiration, and they have frequency distribution between 70 and 600Hz. Abnormal or adventitious sounds are of 
two types - lung wheeze and crackles. Wheezes are musical or continuous abnormal lung sounds with frequency 
distribution that extends from less than 100Hz to more than 1000Hz (Kraman,1980). They originate from air 
turbulence and oscillations of the walls of narrowed airways (especially the bronchioles) and are heard typically 
in patients with airway obstruction(January et al,2005). 

Wheezes can further be classified into two categories namely, monophonic and polyphonic 
wheezes(Dorland’s et al ,1981). Monophonic (single tone) wheezes originate from single narrowed airways and 
are pure tones heard during expiration in patients with airway obstruction(Earis et al,2000). Polyphonic (multi-
tone) wheezes have different frequencies. When these frequencies are harmonically related, the wheezing most 
likely originates from different airways. Crackles on the other hand are non-musical sounds that are essentially 
short, explosive bursts of sounds that do not have distinct frequencies compared to wheezes(Griffiths, 1975a; 
Griffiths, 1977b). They have broad frequency distribution and originate from airways that open or deform very 
abruptly in the lung fibrosis when retractile forces of the lung are increased(Gross et al,2000). They may be 
produced by movement of bubbles in airway fluid and secretions in patients with pulmonary edema or with 
chronic bronchitis (Dalmay et al, 1995). Crackles may also be classified into two categories: high pitched or fine 
crackles heard typically in patients with interstitial pulmonary fibrosis, pneumonia, or during early stages of 
congestive heart failure and the low pitched crackles common in patients with chronic obstructive lung 
diseases(Martini et al,2003).  
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Fig. 1.1: Lung showing bronchus 
 

Adaptive Line Enhancer: 
The ALE comprises of an M-weight linear predictive finite impulse response (FIR) filter(Candace et 

al,1983) . The primary and the delayed primary signals will be correlated but the noise components will not 
correlate, hence autocorrelation coefficients of noise decay much faster, revealing original signal(McCool et 
al.1977) .In this model, the adaptive linear predictor was used to estimate the narrowband interference for the 
purpose of suppressing the interference from the input sequence x(t) (Morgan et al, 1976). The desired signal s 
(t) is either a spectral line or a relatively narrowband signal and n (t) represents a wideband noise component 
that masks x (t). The ALE being a self-tuning filter, the wideband signal n (t) is suppressed and spectral line is 
enhanced with respect to noise power(Dentino et al, 1978). This technique has found applications in spectral 
estimation, frequency estimation and detection, interference rejection, predictive deconvolution, and adaptive 
linear predictive coding (Darlington et al, 1988). 

The recorded thirteen day new born baby girl’s lung sound signal (It is recorded from the R.A.L.E lung 
sound software)( Pasterkamp,1996a; Pasterkamp,1997b; Pasterkamp,2001c) is given as an input to the 
subtracter and the delayed input signal is given to the Linear predictive FIR filter(Iyer et al, 1989). The filter 
output is subtracted from the input signal which is called an error signal. The error signal is feedback to the ALE 
block it has self tuning filter(Hadjileontiadis et al,1997). Here the weights are updated using LMS algorithm. 
This process is continuing until we get the minimum error signal(Rickard et al.1979). The adaptive line 
enhancer (ALE) was originally introduced by Widrow (Haykin, 2000) (Widrow, 1960a; Widrow, 1975b; 
Widrow, 1976c).  

 
Fig. 1.2: Adaptive line Enhancer 

 
At any time instance t, the output y (t) of the ALE is defined in the equation 1.1:             
 

Y(t)=                              (1.1) 
                                 
Where del is the prediction distance of the filter in terms of the normalized sampling interval, M is the filter 

length, and w l (t), l=0, ….M=1, are the ALE coefficients (FIR filter weights). Suffice to note that when dealing 
with sinusoidal signals in colored noise, a relatively large values of del, is often chosen[d]The adaptive filter 
weights wl(t), l = 0,…M=1, are chosen to minimize approximately the mean square error (MSE) defined in the 
equation 1.2 as, 

 
ξ = E ({x (t)–y (t)} 2                                                      (1.2) 
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In order to adjust the ALE coefficients the LMS algorithm is preferably used due to its low computational 

complexity and robustness (Zeidler ,1978a; Zeidler ,1990b). The new weights are calculated using the equation 
1.3., 

 
w(t+1)=w(t)+µALEx(t-del)(x(t)–w(t)Tx(t-el))         (1.3) 

                 
where w(t) = [w0(t),……wM-1(t)]T, and M is the length of the adaptive filter x(t-del) = [x(t-del),…., x(t-del -

M +1)]T is the ALE input vector, and µALE is the ALE convergence rate. There are three parameters that 
determine the performance of the LMS -ALE algorithm for a given application. These are the ALE adaptive 
filter length M, the prediction distance del and the LMS convergence parameter. An expression for the signal-to-
noise ratio (SNR) is given by the equation 1.4., 

 
SNR = 10*log10 (sum(x^2). /sum(y^2))                    (1.4) 

 
Simulation Results: 
Simulation Results In Matlab: 

Fig 2.1 a shows the input signal; Fig 2.1 b shows the power spectrum of input signal. Fig 2.2 a shows an 
error signal which is got from the MATLAB simulation. Fig 2.2 b shows the power spectrum of an error signal. 
Fig 2.3 a shows the simulated output of ALE; Fig 2.3 b shows the power spectrum of output signal.  

mumaxmse    =   11.1060 
SNR              =     3.3383 

 
 
 
 

Fig. 2.1: Input signal Time Vs Amplitude (a) Power spectrum of Input signal (b) 
 

 
 
 

Fig. 2.2: Error signal Time Vs Amplitude (a) Power spectrum of output signal (b) 

Fig 2.1 a Fig 2.1 b 
 

Fig 2.2 a 
 

Fig 2.2 b 
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Fig. 2.3: Output signal Time Vs Amplitude (a) Power spectrum of Error signal (b) 
 

Simulation Results In Xilinx: 
The recorded thirteen day new born baby girl’s lung sound signal (It is recorded from the R.A.L.E lung 

sound software) is given as an input to the subtracted(Yip et al,2001)samples are taken as an input which is in 
the form of floating point decimal it has converted to 32 bit single precision binary using IEEE 754 format. And 
the delayed input signal is given to the linear predictive FIR filter. Fig 2.4 shows the output of FIR filter. The 
filter output is subtracted from the input signal which is called an error signal. Fig 2.5 shows the error signal. 
The error signal is feedback to the ALE block it has self tuning filter. Fig 2.6 shows the output signal. Here the 
weights are updated using LMS algorithm. This process is continuing until we get the minimum error signal 
(Thato Tsalaile et al,2007),( Sovijarvi et al,2000),( San Diego et al,1977). 

 

 
 

Fig. 2.4: Output of FIR filter 

Fig 2.3 a 
 

Fig 2. 3 b 
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Fig. 2.5: Error signal 
 

 
 

Fig. 2.6: Output signal 
 

Asic Design In Synopsys: 
The next phase in the ASIC design flow is converting RTL code to the gate level net list, called synthesis, 

targeted to the specific technology. TSMC 120nm technology is selected as a target library and Synopsys 
Design Compiler tool is used for synthesis. 

Synthesis is a three-phase process where it starts with translating the RTL code to the gate level net list. The 
net list is optimized using the constraints given. Constraints are two types namely, environmental and 
optimization constraints. Optimization constraints include operating frequency (clock period), input and output 
delays at the IOs. Operating temperature, process variations, supply voltage and wire load models are comes 
under Environmental constraints. The Fig 2.7 a and Fig 2.7 b shows the schematic diagram of ALE, which was 
generated after synthesizing the RTL code. 
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Fig. 2.7: Schematic diagram of ALE (a) 

 

 
 
Fig. 2.7: Schematic diagram of ALE (b) 

 
Timing: 

Once the design is synthesized the next step is to verify the design for timing. STA is the process in which 
the delays of a circuit are calculated by adding the individual gate and net delays for each path, also the process 
in which the path delays in a circuit are compared against their required minimum (hold) and maximum (Setup) 
values.Static Timing Analysis uses SPICE characterized data stored in a technology library to verify circuit’s 
timing. Synopsys Primetime is used for the timing analysis.  

Output 
Register 
regist 
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Fig. 2.8: Timing Report of ALE 

 
The Primetime is a sign-off static timing analysis tool targeted for complex, multimillion-gate designs. 

Timing reports of ALE architecture is shown below. Fig 2.8 shows the timing report. Fig 2.9 shows the Area 
report. 

 

 
                                

Fig. 2.9: Area Report of ALE 
 

Power: 
The power report taken from the design compiler. The total dynamic power is 2.1522mw.  DC also can 

produce the power report for the design which is shown below. The design is expected to drive a fan-out out of 
1pf of load capacitance at 1.08 volts. The power report clearly mentions that the dynamic power is dominating 
the leakage power. The synthesized net list with the constraints file is taken into the back end design flow or 
physical design flow. During this phase, floor planning, placement, clock tree synthesis and routing is done on 
the design to obtain the GDSII file, which can be sent for fabrication. Fig 2.10 shows the power report. 
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Fig. 2.10: Power report of ALE 

 
Floor planning: 

Fig 2.11 shows the floor-planned view of the design. The power supply for I/O cells and core area are 
separated, as both require different power supplies. Five metal layers are used for routing the entire design, 
power supply and ground connects are on the top layer. Floor planning is done using Jupiter XT the sign of tool 
from Synopsys.  

 

 
 
Fig. 2.11: Floor planning of ALE 

 
Placement: 

The floor-planned design is used for automatic placement. Placement is a process of placing the standard 
cells in suitable locations in the core area. The core area should be free from any obstacles like power routes, 

     I/O       
blocks 
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macros and hot spots. This is automatically done with the help of ASTO from Synopsys. Fig 2.12 shows the 
placed cells; since there are no any red color displays, it implies that there are no violations.  

 

 
 
Fig. 2.12: After placement  of ALE 

 
Routing: 

The final stage in the design process is routing all the cells in the core area and to the I/O cells. Routing is 
two step process, first global routing is carried out and then detailed routing is performed. This ensures that all 
the cells are interconnected as per the net list obtained during synthesis. And at the same time the timing is also 
met. Fig 2.13 a shows the routed design. Fig 2.13 b shows the routed with supply and ground, Fig 2.13 c shows 
the detailed routing. This is performed using Synopsys Astro.  

 

      
 

 
      Fig 2.13 a                               Fig 2.13 b 

 

GROUND 

SUPPLY 



332                                                                    K.Sathesh1 and N.J.R. Muniraj, 2014 
Australian Journal of Basic and Applied Sciences, 8(1) January 2014, Pages: 323-334 

 

                                                            
Fig 2.13 c 

 
Fig. 2.13: Routed design (a) Routed design showing supply and ground (b) Detailed routed design(c) 

 
Final chip: 

The layout of the final chip is shown in Fig 2.14. The design does not have any DRC violations; it has met 
all the constraints as identified in the specifications. It has 30 I/O blocks. 

 

 
 

Fig. 2.11: Final chip of ALE 
 

Conclusion: 
The primary objective of respiratory sound research is to bring about the improvements in monitoring and 

diagnosis of respiratory disease, the potential usefulness of any method for filtering heart sounds from lung 
sounds rests on its ability to perform in a clinical setting. Because the heart and lung sound signals overlap in the 
time and frequency domains, removing HS interference from respiratory sound recordings is a challenging task. 
Here the heart sound signal is separated from lung sound recordings using ALE. An architecture which separates 
the heart sound signal from recorded lung sound signal has been successfully implemented by ALE using LMS 
algorithm in VLSI. The functionality of the architecture was verified using Xilinx 9.1i and validated using 
MATLAB. The RTL code was synthesized and timing analysis carried out. The synthesized code was placed 
and routed.  

CONTACTS 
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