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ABSTRACT: A scenario of requirement for a robust algorithm to deal with both Speech enhancement and Echo 
cancellation is seen in mobile communication.Speech enhancement and Echo cancellation are adaptive signal 
processing applications and they use adaptive algorithms. In this paper, a study on situations involving both the 
applications in mobile phone communication is done. General Kalman Filter is used along with estimate maximization 
framework to perform dual adaption and effectively handle both the applications simultaneously. Simulation results 
show it is dominant over popular adaptive algorithms 
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I. INTRODUCTION 
 

Mobile Communication is mostly based on speech as a base for information exchange. A person using a mobile phone 
is evident to move from place to place. Speech is almost a non-stationary signal, and thus it is always a challenging 
problem to model it perfectly with all possible considerations. On the other hand speech is every time degraded by 
various noise characteristics present along with it. Hence, we require methods to deal with the issue. Speech 
enhancement is performed to increase intelligibility and enhance quality of speech under the specific conditions of 
degradation. Echo cancellation is seen when the reverberated sound produced by the system in an acoustic atmosphere 
of far end speaker corrupts the near end speaker speech. 
  In Echo cancellation, eliminating the background noise caused due to reverberation phenomenon is required. 
In fact the background noise is nothing but estimating the echo path and decreasing its effect on speech of near end 
speaker. But this in turn refers to a speech enhancement application indirectly. Most of the literature concentrates more 
on decreasing degradation of near end speaker caused by reverberating signal of far end speaker and least considers the 
enhancement of near end speech addicted by other noise phenomena in the acoustic system.   

Speech enhancement and Echo cancellation are performed through dual adaption procedure using General Kalman 
Filter[4].There are popular algorithms available for speech enhancement and echo cancellation respectively. It is aimed 
to use GKF for both the applications and show it is optimum for dual adaption than some well-known adaptive 
algorithms. General Kalman filter is first used for Echo cancellation[4]. It is time domain derived form of kalman filter. 
In present work it is extended to speech enhancement. Therefore the strong resemblance between the algorithms used in 
the two applications gave the idea to develop an integrated method involving both the applications which can utilized in 
the area of mobile communication.  

II. RELATED WORK 
 
There is a need to study the existing methods and their advantages on demand basis of the application. The 

classification of different algorithms developed in past are mostly of either frequency domain or time domain. Using 
kalman filter for statistical analysis is quite efficient, but implementing it in time domain had not shown better  results. 
The kalman filter implementation in frequency domain of the signal is seen in the work of G.Enzner[2] with better 
performance. Spectral subtraction is frequency domain method proposed by Boll[8] stands effective even today but it 
needs a good voice activity detector. The work of Widrow[7] is still in use for many speech applications but it has very 
lower convergence. Affine projection algorithm is variable step size filter type and its ability of varying the step size 
led to early convergence than LMS(Least mean square) algorithm and it is also prominent in certain specific 
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applications. Recursive least squares is more compared to General Kalman filter in every significant stage of their 
algorithm procedures respectively[4]. RLS(Recursive least squares) has computational complexity due to matrix 
inversion. The periodicity based type has techniques like using comb filter with taps for different pitch periods. Speech 
production based models are also present like linear predictive coding (LPC) modelling of the signal. Whenever we 
speak about optimum filtering wiener filter satisfy the most of the conditions provided when both the noise and speech 
power spectral densities are measurable and are non-stationary.  

III. PROBLEM STATEMENT AND PROPOSED METHOD 
 

A. Problem statement: 

)(nz  is a noisy near end speech signal, )(ns  and )(nv  are its two components. )(ns  represents the clean speech 

signal and it has to be separated from additive noise )(nv . 

)()()( nvnsnz                                                                        (1) 

The above signal is added with reverberating signal )(ny  of far end speech signal )(nx  at near end which is 

reproduced and )(nd  is desired output of microphone with impulse response of present acoustic system h .Our 

objective is to estimate with an adaptive filter ĥ  
hnxny )()(                                                                                (2) 

)()()( nynznd                                                                      (3) 

B. Description of the  Proposed Algorithm: 
The far end signal received by the mobile phone is a known signal but the reproduction environment and response 

signal of this signal in that particular acoustic environment is not known. We use an adaptive filter(GKF), the same far 
end signal which reproducing is given as input to it. Adaption is performed such that the filter response is almost 
similar to acoustic response of the environment it is reproduced. The near end side microphone picked up signal 
contains the reverberating signal and is cancelled by adaptive filter output. All the above stated falls under Echo 
cancellation stage of proposed algorithm. A simultaneous stage of enhancement performing adaptive filter is also fed 
with input of speech absent periods as initial condition, which is nothing but noise of the acoustic environment through 
the same micro phone. The second filter is proposed with General Kalman filter and Estimate maximization frame 
work. Since, noise and speech are non-stationary no algorithm works without knowing the characteristics of at least one 
among them to separate one from another. Noise obtained in speech absent periods is modelled as Auto Regressive 
process and used in adaption procedure. Parameters of AR model is also updated accordingly for every fixed number of 
iterations of adaption. Finally, the outputs of two adaptive filters are subtracted from recorded signal of microphone. 
Thus we obtain a clean speech signal free from  echo and noise. 

                   Far end signal 
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                          Fig.1.Block diagram of the proposed method 
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IV. PSEUDO CODE 
 
Step 1: Consider speech absent periods collect noise characteristics. 
Step 2: Initial noise characteristics are modeled as Auto regressive model delayed until the speech presence is seen. 
Step 3:  A situation of reproduction of far end signal at near end signal is considered. 
Step 4:  A combined signal of reverberated, near end speech and background noise is collected using microphone. 
Step 5: In the initial step the echo cancellation is performed using General Kalman filter.  
Step 6: Hence we obtain reverberation effects free signal now enhancement of this signal is performed. 
Step 7: GKF and EM frame work considers the delayed noise signal and performs adaption based on it. 
Step 8: This recursive process is performed for fixed iterations to obtain a clean speech. 

V. FORMULATION 
A. Echo cancellation: 

The following are equations related to echo cancellation algorithm. 

)()()()( nxnhnznd k
T
x                                                              (4) 

)()()(ˆ nxnhny k
T
x                                                                            (5) 

)()1(ˆ)(ˆ nwnhnh xxx                                                                 (6) 

Initialize with 0)(ˆ nhx and qxxx IR  )0(  where x  is small positive constant 

)()1(ˆ)(ˆ nwnhnh xxx                                                                 (7) 

)()()()( nxnhnznd k
T
x                                                                (8) 

)(ˆ)()( nyndnex                                                                            (9) 

qxwxxmx InnRnR )()1()( 2                                                    (10) 

pxxkmx
T
kex InnxnRnxnR )()()()()( 2                                     (11) 

)()()()( 1 nRnxnRnK exkmxx
                                                      (12) 

 )1(ˆ)()()(  nhnxnzne x
T
k                                                         (13) 

)()()1(ˆ)(ˆ nenKnhnh xxx                                                        (14) 

)()]()([)( nRnxnKInR mx
T

kxqxx                                            (15) 

Where )(nRmx  is priori misalignment, )(nR x is posteriori misalignment correlation matrix, )(nK x  is Kalman gain, 

qxI  is identity matrix, )(2 nwx  is variance of process noise )(nwx , )(nRex  is priori error vector correlation matrix 

and )(nex  is error between signal and estimated. 

B. Speech enhancement 

 Let us consider the problem in a discrete time index of n, 
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)()()( nynznd                                                                           (16) 
 
Noise and speech are non-stationary. Hence, any one of them has to be known in order to go for formulation. Consider 
the speech absent periods to study noise characteristics,  

)()( nvnz ab                                                                      (17) 
)()( nvnd ab                                                                     (18) 

Where )(nvab  is signal collected by recording device when speech is absent and use as initial signal vector of noise. 

Noise is modelled as stochastic AR process: 





k

q
vvq nugknvnv

1

)()()(                                                (19) 

1 , 2 …… k  represents AR parameters of noise process and vg  represents power level. )(nuv  is normalized 

(zero-mean unit variance),white Gaussian noise. 
AR model of noise process is converted into state space formulation 

)](),......,2(),1([)( nvknvknvnv T
k 
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v  is noise transition matrix and k-dimensional 

vectors  v
T
v gg .......00 .The below equation provides estimate of noise 

)()()1()( nungnvnv vvkvk                                               (20) 

)()()()( nvnhnsnz k
T
v                                                             (21) 

)()()()()()( nxnhnvnhnsnd k
T
xk

T
v                                    (22) 

 
Parameters for estimate and AR model, GKF algorithm procedural steps results in finding the minimal error and 
optimal estimate. The following are the related equations  

Initialize with 0)(ˆ nhv and qIR  )0(  where   is small positive constant 

)()1(ˆ)(ˆ nwnhnh vvv                                                              (23) 

)()()()( nvnhnsnz k
T
v                                                             (24) 

)(ˆ)()( nvnzne                                                                           (25) 

qwm InnRnR )()1()( 2                                                       (26) 

pvkm
T

ke InnvnRnvnR )()()()()( 2                                       (27) 
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)()()()( 1 nRnvnRnK ekm
                                                            (28) 

)1(ˆ)()()(  nhnvnzne v
T

k                                                      (29) 

 )()()1(ˆ)(ˆ nenKnhnh vv                                                        (30) 

)()]()([)( nRnvnKInR m
T

kq                                                 (31) 

Where )(nRm  is priori misalignment, )(nR is posteriori misalignment correlation matrix, )(nK  is Kalman gain, 

qI  is identity matrix, )(2 nw  is variance of process noise )(nwv , )(nRe  is priori error vector correlation matrix and 

)(ne  is error between signal and estimated. 

Let   be the vector of unknown parameters and given as vector  v
TT g   

)1()1(  nvnvX T
qq                                                                     (32) 

 )()1( nvnvY q                                                                              (33) 

Where updated parameters are defined as  

  YXEq ][ˆ )1(                                                                   (34) 

      ][ˆˆ )1()1( YEZg Tqq
v                                                      (35) 

 

VI. RESULTS 
 
The NOIZEUS speech corpus is used to test the proposed method. Simulations are performed using MATLAB software. 

Fig.2 is Noisy speech before dual adaption procedure ,Fig.3 is output of the Echo cancellation stage and Fig.4 is output of the 
speech enhancement stage an enhanced noisy speech. A known signal is taken as the far end signal and is used for echo 
cancellation and a random noise is considered for speech enhancement.The objective measures of speech quality assessment 
namely signal to noise ratio(SNR),mean square error(MSE), perceptual evaluation of speech quality (PESQ),Segmental 
SNR(SegSNR),log likelihood ratio(LLR),Weight Spectral Slope(WSS) are calculated for proposed method and compared 
with  existing methods. 

 
Algorithm SNR MSE PESQ WSS LLR SegSNR 
Affine 
projection 
algorithm 

18.6964 0.0190 0.82382 84.548 1.1378 -5.2797 

Least mean 
square 

5.3090 0.5001 0.873704 179.730 1.3874 -10.00 

Normalized 
least mean 
square 

11.3423 0.0839 1.7459 163.742 1.9886 -9.9957 

Kalman 
filter 

9.4235 0.0683 1.1657 203.258 1.8601 -9.9028 

General 
Kalman 
filter 

19.7544 0.0164 1.3746 228.4815 1.5989 -9.9799 

                Table.1. Objective measures comparison of methods for dual adaption on SNR 5dB babble noise type 
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                    Fig.2. Noisy Speech signal before dual adaption 
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   Fig.3. Signal after echo cancellation stage 
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                   Fig. 4.Signal after speech enhancement and echo cancellation 

  

VII. CONCLUSION AND FUTURE WORK 
 
Results of simulations performed in MATLAB are better for the proposed algorithm in Table.1. The Enhancement 
stage uses modeling of only noise as AR process because it is non-stationary considering speech absent period. The 
performance of the proposed algorithm is analyzed for off-line procedure. Future work is to extend the algorithm 
for on-line procedure. Similarly better performance can be expected if speech is also modeled.   
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