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Abstract— Proportionate type algorithms were developed and excessively used in the echo 

cancellation problems due to sparse characteristics of the echo channels. In the past, most of the 

attention was paid to a particular type of proportionate approach, which assigns step-sizes to filter 

coefficients proportional to the magnitude of the corresponding coefficient. In this letter, we propose 

a new proportionate type algorithm, which takes dynamic behavior of the estimated filter coefficient 

into account while assigning individual step-sizes to each coefficient. Proposed algorithm introduces 

an effective way to assign individual step-sizes using the time derivatives of the filter coefficients. 

Computational complexity of the proposed algorithm is similar to those of previously proposed 

algorithms. Simulation results have shown the improvements in the convergence rate achieved by the 

proposed algorithm.  

 

Index Terms— Adaptive Filter, Derivative Approach, Proportionate Type Algorithms, Echo 

Cancellation. 

 

I. INTRODUCTION 

daptive filtering is considered as a feasible solution for system identification problem and it is commonly 

used in echo cancellation applications in order to model an unknown echo path. In general, echo paths have 

sparse characteristics such that impulse responses of the echo paths consist of a large number of “minor” 

coefficients having very small magnitudes compared to a smaller number of “major” coefficients having 

relatively larger magnitudes. Normalized least mean squares (NLMS) is a well-known method for channel 

identification problem due to its computational simplicity and robustness. However, for sparse channels 

NLMS algorithm is an inefficient solution. It yields very slow convergence since sparse channels usually have 
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longer impulse responses compared to regular channels due to long delays in the echo path. To overcome this 

problem, “proportionate” type algorithms were developed specifically to take the sparse characteristics of the 

channels into account so that faster convergence can be achieved. In particular, convergences of major 

coefficients are boosted by applying coefficient specific “proportionate factors” to filter coefficients. The first 

proportionate type algorithm, proportionate-NLMS (PNLMS) [1], assigns specific step-sizes for filter 

coefficients roughly proportional to their magnitudes. PNLMS algorithm works well for sparse channels but 

its performance degrades as the channel impulse response becomes dispersive. Later, a more robust version, 

improved PNLMS (IPNLMS), was introduced [2]. IPNLMS is a widely used and well-studied algorithm in 

the context of the echo cancellation problem. It outperforms PNLMS and NLMS for both sparse and dispersive 

channels. 

NLMS type algorithms suffer from performance degradation under colored input and affine projection 

algorithm (APA) is known to have robustness against colored signals. Therefore, proportionate approach is 

extended to APA in order to have faster convergence for sparse channels with colored input. PAPA and 

IPAPA, [3], are the extensions of PNLMS and IPNLMS to APA. Later some other variants of the 

proportionate type algorithms were proposed such as 𝜇-law IPNLMS, [4], memory improved IPAPA 

(MIPAPA), [5], and memory improved PAPA with Individual Activation Factors (IAF-MPAPA), [6]-[8]. 

These conventional proportionate approaches do not take dynamic behavior of the filter coefficients into 

account while calculating the proportionate factors. However, dynamics of the adaptation provides valuable 

information about the magnitudes of the variations of the coefficients, which in turn can be used to determine 

how large step-size for each coefficient is needed at a certain time. Conventional proportionate approaches, 

on the other hand, control the step-size variation using instantaneous values of the filter coefficients. In [9], 

gradient controlled IPAPA (GC-IPAPA) was proposed in which time averaged gradient vector is used to 

calculate proportionate factors. In [10], Coefficient Difference Based IPAPA (D-IPAPA) was proposed in 

which difference between current filter coefficients and stored filter coefficients is used to calculate 

proportionate factors. 

In this brief, we introduce an algorithm based on the observations of dynamic behavior of the filter 

coefficients. According to these observations, rapidly changing coefficients correspond to major coefficients; 

therefore, step-size for such a coefficient is chosen to be a function of the rate of change of that coefficient. 

Simulation results show that proposed derivative based IPAPA (DB-IPAPA) provides better performance in 

terms of convergence rate and steady state misalignment compared to MIPAPA, IAF-MPAPA and D-IPAPA. 
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II. BACKGROUND 

Consider a system identification problem, which includes a channel whose impulse response, 𝒉 =

	 ℎ 0 		ℎ 1 … 	ℎ 𝐿 − 1 + is unknown. Input of the system is denoted by 𝑥 𝑘  and 𝑦 𝑘 = 𝒙+	 𝑘 𝒉 + 𝑣 𝑘  

is the desired signal, where 𝑣 𝑘  is the background noise and 𝒙 𝑘 = 𝑥 𝑘 𝑥 𝑘 − 1 … 	𝑥 𝑘 − 𝐿 + 1 + is 

the input vector at time 𝑘. 𝐿 is the length of the impulse response and superscript 𝑇 denotes the transpose of 

a matrix. 

APA is a widely used method to identify an unknown system. In [11], the update for the estimate of the 

filter coefficient vector is given as 

 

𝒘 𝑘 + 1 = 𝒘 𝑘 + 𝜇𝑿 𝑘 (𝑿𝑻 𝑘 𝑿 𝑘 + 𝛿𝑰):𝟏𝒆 𝑘 ,																																																										 (1) 

 

where 𝑿 𝑘 = [𝒙 𝑘 	𝒙 𝑘 − 1 …𝒙 𝑘 −𝑀 + 1 ] is the input signal matrix formed by the most recent 𝑀 input 

vectors, 𝑀 is the projection order, 𝒘 𝑘  is the estimate of the unknown filter impulse response, 𝒆 𝑘 =

𝒚 𝑘 − 𝑿𝑻 𝑘 𝒘 𝑘  is the error signal vector, 𝒚 𝑘  is the output vector 𝒚 𝑘 = 𝑦 𝑘 	𝑦 𝑘 − 1 …𝑦 𝑘 −

𝑀 + 1 +, 𝜇 is the step-size and 𝛿 is a small positive constant preventing division by zero. It should be noted 

that for projection order 𝑀 = 1, APA becomes NLMS algorithm.  

Proportionate type algorithms, which assign individual step-sizes to filter coefficients, have general form 

as 

 

𝒘 𝑘 + 1 = 𝒘 𝑘 + 𝜇𝑮 𝑘 𝑿 𝑘 𝑿𝑻 𝑘 𝑮 𝑘 𝑿 𝑘 + 𝛿𝑰 :C𝒆(𝑘) 

 (2) 

where 𝑮 𝑘 = 𝑑𝑖𝑎𝑔 𝒈 𝑘  is an 𝐿×𝐿 diagonal proportionate matrix, which contains the coefficient specific 

step-sizes applied to the filter coefficients and 𝒈 𝑘 = 𝑔J 𝑘 , 𝑔C 𝑘 , … , 𝑔K:C 𝑘 + is the proportionate 

vector. In the literature, different methods were proposed for the calculation of proportionate factors, 𝑔L(𝑘). 

Conventional IPNLMS (IPAPA) algorithm calculates proportionate factors as 

 

𝑔L 𝑘 =
1 − 𝛼
2𝐿 +

1 + 𝛼 𝑤L 𝑘
2 𝑤P 𝑘K:C

PQJ + 𝜖
	𝛼 ∈ −1	, 1 ,																																																																(3) 

 

where 𝛼 is a control variable which adjusts the weights of NLMS (APA) and PNLMS (PAPA) in IPNLMS 

(IPAPA) and 𝜖 is a small positive constant preventing division by zero. Equation (3) assigns smaller step-

sizes to the minor coefficients relative to the major coefficients such that deviation of the minor coefficients 

from their optimal values is avoided, which results in faster convergence. Stemming from [1] and [2], 
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different proportionate type algorithms including, MIPAPA, D-IPAPA, GC-IPAPA, IAF-MPAPA, are 

developed so that convergence speed of the adaptive filters is improved further. 

III. PROPOSED ALGORITHM 

In order to derive the proposed algorithm, firstly it should be shown that proportionate factors should be 

chosen proportional to the difference between the optimal and the current filter coefficients. For this purpose, 

consider the update of a proportionate type NLMS algorithm 

 

𝒘 𝑘 + 1 = 𝒘 𝑘 + 𝜇
𝐆(𝑘)𝒙 𝑘

𝒙+ 𝑘 𝐆(𝑘)𝒙 𝑘 𝑒 𝑘 . (4) 

 

Equation (4) can be manipulated such that it can be written in terms of coefficient error vector, 𝒉 𝑘 = 𝒉 −

𝒘 𝑘 , 

 

𝒉 𝑘 + 1 = 𝒉 𝑘 − 𝜇
𝐆 𝑘 𝒙 𝑘

𝒙+ 𝑘 𝐆 𝑘 𝒙 𝑘 𝑒 𝑘 . (5) 

 

Since the normalization term in (5) is common for all filter coefficients, it can be defined as 𝜎YZ[ (𝑘) =

𝒙+ 𝑘 𝐆 𝑘 𝒙 𝑘 . Thus, error for 𝑖\] coefficient in (5) becomes 

 

ℎP 𝑘 + 1 = ℎP 𝑘 − 𝜇
gP 𝑘 𝑥 𝑘 − 𝑖

𝜎YZ[ (𝑘)
𝑒 𝑘 . (6) 

 

In order to prevent the deviation of the filter coefficients from their optimal values, magnitude of the 

coefficient vector should decrease at each iteration, ℎP 𝑘 + 1 < ℎP 𝑘 .  By replacing ℎP 𝑘 + 1  with (6), 

the inequality becomes 

 

ℎP 𝑘 − 𝜇
gP 𝑘 𝑥 𝑘 − 𝑖

𝜎YZ[
𝑒 𝑘 < ℎP 𝑘 . (7) 

 

Equation (7) is satisfied only if the following condition is met 
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gP 𝑘 <
2𝜎YZ[ ℎP 𝑘

𝜇 𝑥 𝑘 − 𝑖 𝑒(𝑘) . 
(8) 

 

Consequently, it is observed that proportionate factor for each coefficient is bounded by the individual 

coefficient error in order to ensure a monotonic behavior of the coefficient error.  Hence, it is concluded that 

optimal proportionate factors are proportional to the coefficient errors. However, it is impossible to obtain 

𝒉 𝑘  exactly; hence, a fine approximation of 𝒉 𝑘  is required. In order to obtain the approximation, consider 

several iterations of NLMS algorithm 

 

𝒘 𝑘 + 1 = 𝒘 𝑘 + 𝜇
𝒙 𝑘

𝒙+ 𝑘 𝒙 𝑘 𝑒 𝑘 , (9) 

  

𝒘 𝑘 + 2 = 𝒘 𝑘 + 1 + 𝜇
𝒙 𝑘 + 1

𝒙+ 𝑘 + 1 𝒙 𝑘 + 1 𝑒 𝑘 + 1 , (10) 

⋮ 

𝒘 𝑘 + 𝑁 = 𝒘 𝑘 + 𝑁 − 1 + 𝜇
𝒙 𝑘 + 𝑁 − 1

𝒙+ 𝑘 + 𝑁 − 1 𝒙 𝑘 + 𝑁 − 1 𝑒 𝑘 + 𝑁 − 1 . 

 
(11) 

 

By summing 𝒘 𝑘 + 1  to 𝒘 𝑘 + 𝑁 , one obtains 

 

𝒘 𝑘 + 𝑁 = 𝒘 𝑘 + 𝜇
𝒙 𝑘 + 𝑗

𝒙+ 𝑘 + 𝑗 𝒙 𝑘 + 𝑗 𝑒 𝑘 + 𝑗
c:C

dQC

. (12) 

 

Note that error signal can be written as, 𝑒 𝑘 = 𝒙+ 𝑘 𝒉 𝑘 + 𝑣 𝑘 . Then, by inserting 𝑒(𝑛) into (12), (12) 

becomes 

 

𝒘 𝑘 + 𝑁 = 𝒘 𝑘  

+𝜇
𝒙 𝑘 + 𝑗 𝒙+ 𝑘 + 𝑗 𝒉 𝑘 + 𝑗 + 𝑣 𝑘 + 𝑗

𝒙+ 𝑘 + 𝑗 𝒙 𝑘 + 𝑗

c:C

dQJ

. 
(13) 

 

By employing weak law of large numbers, summation in (13) can be approximated by the expectation 

operator. Consequently, summation in (13) can be approximated as 
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𝒘 𝑘 + 𝑁 −𝒘 𝑘 ≈ 𝜇𝑁𝐸
𝒙 𝒙+𝒉 𝑘 + 𝑁 + 𝑣

𝒙+𝒙 . (14) 

 

where 𝒉 𝑘 + 𝑁 ≈
𝒉 hidjkl

mno

c
 can be considered as the time averaged coefficient error vector at time 𝑘 + 𝑁 

assuming that convergence behavior of the filter coefficients does not change significantly within 𝑁 samples. 

By using the independent noise assumption, noise related term in (14) becomes zero which reduces the (14) 

to 

 

𝒘 𝑘 + 𝑁 −𝒘 𝑘 ≈ 𝜇𝑁𝐸
𝒙𝒙+𝒉 𝑘 + 𝑁

𝒙+𝒙 . (15) 

 

By utilizing the assumption in [12] and assuming that that input signal, 𝑥(𝑘), and coefficient error vector, 

𝒉 𝑘 , are uncorrelated [13], (15) becomes 

 

 

𝒘 𝑘 + 𝑁 −𝒘 𝑘 ≈
𝜇𝑁𝐸 𝒙𝒙+ 𝒉 𝑘 + 𝑁

𝐸{𝒙+𝒙} , (16) 

𝒘 𝑘 + 𝑁 −𝒘 𝑘 ≈
𝜇𝑁𝑹𝒙𝒉 𝑘 + 𝑁

𝑁𝜎Z[
. 

(17) 

 

where 𝒉 𝑘 + 𝑵 = 𝑬 𝒉 𝑘 + 𝑁 . Since we are dealing with NLMS type algorithms, input signal can be 

assumed as a white Gaussian signal; hence, 𝑹Z/𝜎Z[ = 𝑰. Therefore, 𝒉 𝑘  can be approximated as, 

 

𝒉 𝑘 + 𝑁 ≈
𝒘 𝑘 + 𝑁 −𝒘 𝑘

𝜇 . 
(18) 

 

From (18) it can be concluded that time averaged coefficient error vector is proportional to difference of two 

instances of the filter coefficients. Therefore, this difference can be employed while calculating proportionate 

factors. Furthermore, this difference can be inferred as the averaged time derivatives of the filter coefficients 

since difference in discrete domain corresponds to differentiation in continuous domain.  

By utilizing (18), proposed proportionate factors are calculated as follows, 
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𝑔L 𝑘 =
1 − 𝛼
2𝐿 +

1 + 𝛼 ΔL 𝑘
ΚxZ 𝑘 + 𝜖 ,																																																																																			 19  

 

where ΔL 𝑘  is the approximate time derivative of the 𝑙\] filter coefficient, 

ΔL 𝑘 ≜ 𝑤L 𝑘 − 𝑤L(𝑘 − 𝑁)	 ,																																																																																						(20) 

 

and ΚxZ 𝑘  is the normalization value.  

However, it is impractical to use  𝑤L 𝑘 − 𝑁  directly since it requires storage of additional 𝑁×𝐿 filter 

coefficients. Therefore, in this brief, we propose an alternative method for calculation of ΔL 𝑘 . 𝑤L(𝑘 − 𝑁)	in 

(20) is replaced with 𝑤L 𝑘 , which is the stored instance of 𝑤L 𝑘  updated every 𝐿x samples, where 𝐿x =

𝑚𝐿 and 𝑚 is a constant. 𝑤L 𝑘  is defined such that the derivative calculation does not involve the difference 

of consecutive instances of a particular coefficient. 

 

ΔL 𝑘 ≜ 𝑤L 𝑘 − 𝑤L k ,																																																																																					(21) 

 

To get 𝑤L 𝑘 , firstly store 𝑤L 𝑘  periodically at times 𝑘 = 𝐿x, to get 𝑤 𝑘  as 

 

𝑤L 𝑘 ≜ 𝑤L 𝑘 															𝑘 = 𝑛𝐿x	
𝑤L 𝑘 − 1 							𝑘 ≠ 𝑛𝐿x	

.				𝑛	𝑖𝑠	𝑎𝑛	𝑖𝑛𝑡𝑒𝑔𝑒𝑟																																																											(22) 

 

Then 𝑤 𝑘  is obtained by delaying 𝑤 𝑘  by 𝐿x samples to avoid zero valued derivatives,	𝑤 𝑘 = 𝑤 𝑘 − 𝐿 , 

with a less memory requirement, 𝑤 𝑘 , can be obtained as 

  

𝑤L 𝑘 = 	 𝑤L 𝑘 − 1 				𝑘 = 𝑛𝐿x
𝑤L 𝑘 − 1 				𝑘 ≠ 𝑛𝐿x

.							𝑛	𝑖𝑠	𝑎𝑛	𝑖𝑛𝑡𝑒𝑔𝑒𝑟																																																								(23). 

  

As a result of the development around (22)-(23), separation between coefficients used in the derivative 

calculation becomes in the range 𝐿x and  2𝐿x − 1. 

In the proposed algorithm, normalization value,ΚxZ 𝑘 , is composed of two parts. The first part is related 

to the steady-state value of ΚxZ which is the maximum of the absolute values of current filter coefficients. 

At the steady state, derivative values become negligible compared to the magnitudes of filter coefficients; 

hence, steady-state values of proportionate factors become very small which helps to avoid random 

fluctuations of the coefficients as desired. The second part is dominant during the transient period. During 

the transient period, derivative values may have larger magnitudes compared to filter coefficients especially 
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when impulse response of the unknown system changes during the adaptation. Therefore, it is necessary to 

control the normalization value in order to avoid impulsive proportionate factors. Hence, normalization value 

is defined as, 

 

WxZ 𝑘 ≜ max 𝑤J 𝑘 , wC 𝑘 ,… , wK:C 𝑘 ,																																																										(25) 

ΔxZ 𝑘 ≜ max ΔJ 𝑘 , ΔC 𝑘 , … , ΔK:C 𝑘 ,																																																															(26) 

Κ�� 𝑘 =
𝛥xZ[ 𝑘 +𝑊xZ[ 𝑘
ΔxZ 𝑘 +𝑊xZ 𝑘

.																																																																											(27) 

 

When the adaptation starts, major coefficients move quickly toward their optimum values. Hence, 

derivative values, ΔL 𝑘 ,  of these coefficients become larger than those of minor coefficients. Until major 

coefficients reach their optimum values, ΔL 𝑘  get relatively large values, so major coefficients have larger 

individual step-sizes. According to (19), as major coefficients get closer to their steady state values, ΔL 𝑘 ’s 

decrease since 𝑤L 𝑘  and 𝑤L 𝑘   also get closer values. Therefore, after this time on proportionate vector is 

dominated by the minor coefficients, whose values are still far from their steady state values. Consequently, 

convergence of the minor coefficients speeds up. 

If computational complexities of DB-IPAPA and other proportionate type algorithms are compared, it can 

be noticed that DB-IPAPA requires additional memory in order to store filter coefficients. In addition 𝐿 

summations in IPAPA are replaced by 2𝐿 comparisons in the proposed algorithm. Therefore, it can be stated 

that proposed algorithm achieves better performance with an acceptable increase in the computational 

complexity. 

IV. SIMULATION RESULTS 

Performance of the proposed algorithm is tested and compared with the other algorithms via computer 

simulations. In particular, the results obtained by the proposed algorithm are compared to those of MIPAPA, 

[5], D-IPAPA, [9], and IAF-MPAPA, [6] from literature. In all cases, the lengths of the unknown impulse 

responses are 512. Input signal is either an 𝐴𝑅(1) signal, which has a pole at 0.8 or a speech signal. Sample 

echo path models (EPM) of ITU-T G168 Recommendation [14], padded with zeros, are used as the unknown 

impulse responses to be identified. 

Performances of the algorithms are evaluated by the normalized misalignment (msl) which is defined as, 

𝑚𝑠𝑙 𝑘 = 20 logCJ 𝒉 − 𝒘 𝑘 [/ 𝒉 [ 	𝑑𝐵. By ensemble averaging over 20 independent realizations of 

𝑚𝑠𝑙 𝑘 , misalignment curves are obtained. 
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Firstly, performance of the proposed DB-IPAPA is compared to those of the previously proposed MIPAPA, 

IAF-MPAPA and D-IPAPA for different SNR levels (30	𝑑𝐵 and 15	𝑑𝐵) where unknown channel is the first 

EPM of [14]. Step-size is chosen to be 𝜇 = 0.15 for all algorithms with projection order 𝑀 = 2, input signal 

is an AR(1) signal. In addition, the unknown impulse response is shifted by 50 samples at 15×10�𝑡ℎ iteration 

in order to examine the tracking performance of the proposed algorithm. Control parameter 𝛼 is set to 0, the 

parameter 𝑚 is set to 1 such that 𝐿x = 𝐿 for DB-IPAPA, and 𝑃 is set to 𝑃 = 2𝐿 for D-IPAPA. Initialization 

vector for IAF-MPAPA is set to 𝑞x = 10:[/𝐿. Regularization parameters, 𝜖	is set to 0.01 and 𝛿 = 20𝜎Z[/2𝐿 

[15], where 𝜎Z[ is the input signal power.  

Proposed algorithm outperforms previously proposed algorithms as shown in Fig.1 and Fig. 2. It can be 

observed that superiority of the proposed algorithm is apparent in higher SNR case. DB-IPAPA provides 

faster convergence speed compared to other algorithms. In addition, the proposed algorithm shows relatively 

good tracking performance for higher SNR case even if it does not store the locations of the major coefficients 

unlike conventional proportionate type algorithms. However, the proposed algorithm suffers from slow 

tracking speed for lower SNR values. 

Performance of the proposed algorithm is also tested with speech input signal at sampling rate 8	𝑘𝐻𝑧. In 

this case storing period of the filter coefficients is increased to 𝐿x = 4𝐿 samples for DB-IPAPA and 𝑃 = 8𝐿 

for D-IPAPA due to high correlation between speech signals and a projection order 𝑀 = 8 is used. The other 

parameters are kept the same as those in the previous case. Simulation results in Fig. 3 and Fig. 4 show that 

in the case of speech signal DB-IPAPA algorithm outperforms the other algorithms for both SNR values. 

In addition, effects of a relatively dispersive channel on the performance of the algorithms are investigated. 

In this configuration, the second EPM of [14] is taken as the unknown impulse. For this purpose, AR(1) 

signal is used as the input signal and SNR is set to 30	𝑑𝐵. From Fig. 5, it can be noticed that the proposed 

algorithm continues to have superior performance in the case of a dispersive echo path. 

Another important observation is related to misalignment variance. Since difference values become zero 

at the steady state, very small step-size is assigned to filter coefficients. Hence, variations of the filter 

coefficients are minimized in DB-IPAPA, which reduces the misalignment variance at the steady-state which 

is larger in the classical proportionate type algorithms.  
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Fig. 1.  Misalignment comparisons of IPAPA, DB-IPAPA, D-IPAPA and IAF-MPAPA for EPM-1 and 

AR(1) input signal with SNR 30 dB. 

 
Fig. 2.  Misalignment comparisons of IPAPA, DB-IPAPA, D-IPAPA and IAF-MPAPA for EPM-1 and 

AR(1) input signal with SNR 15 dB. 

V. CONCLUSIONS 

In this brief, a new approach for the proportionate type adaptive filtering algorithm is proposed. Proposed 

algorithm is based on the time derivatives of the estimated filter coefficients. Furthermore, a new 

normalization technique is introduced, which improves convergence speed of the filter coefficients. 

Simulation results showed that DB-IPAPA outperforms MIPAPA, IAF-MPAPA and D-IPAPA for sparse 

channels for both AR(1) and speech input signals. In addition, the proposed approach eliminates fluctuations 

around the optimal point at the steady state. 
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Fig. 3.  Misalignment comparisons of IPAPA, DB-IPAPA, D-IPAPA and IAF-MPAPA for EPM-1 and 

speech input signal with SNR 30 dB. 

 

 

 
Fig. 4.  Misalignment comparisons of IPAPA, DB-IPAPA, D-IPAPA and IAF-MPAPA for EPM-1 and 

speech input signal with SNR 15 dB. 
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Fig. 5.  Misalignment comparisons of IPAPA, DB-IPAPA, D-IPAPA and IAF-MPAPA for EPM-2 and 

AR(1) input signal with SNR 30 dB 
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