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Abstract 

The main aim of the Speech Enhancement algorithms is to improve the Quality of 

speech. The Quality of speech is expressed in two parameters. One is clarity, and another 

is intelligibility. In this paper, we proposed a method to improve the quality of speech 

based on computationally efficient AR modeled Iterative Kalman Filter with time and 

frequency mask. This approach is based on reconstruction of noisy speech signals using 

Auto Regressive modeled Kalman filter and further to reduce artifact noise time and 

frequency mask is applied to the Kalman filter output. The results of the proposed method 

are found to be better compared to spectral subtraction, wiener filter and Kalman filter 

methods. 
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1. Introduction 

Speech is the primary mode of Communication among all human beings. It is very 

efficient and effective way of communication. The Speech processing is widely used in 

many applications like mobile phones, VOIP, Teleconferencing systems, voice enabled 

security devices, household appliances, speech recognition systems, hearing aids, 

biomedical signal processing, ATM machines and computers [1]. Various types of 

additive noise in real-world environments often corrupt speech. Unfortunately, the 

characteristics of this additive noise are difficult to estimate due to it has different 

characteristics in different environments. So speech enhancement is very much required. 

There are many speech enhancement techniques in stationary and non- stationary noisy 

environments. Some of them are Spectral Subtraction method, Wiener filtering, and 

Subspace based methods and so on. As a most fundamental technique Spectral subtraction 

is a method for restoration of the power spectrum or the magnitude spectrum of a signal 

observed in additive noise, through subtraction of an estimate of the average noise 

spectrum from the noisy signal spectrum [2]. 

Spectral subtraction is one of the traditional methods used for enhancing speech 

degraded by additive stationary background noise, but a common problem for the Spectral 

Subtraction method is the characteristic of the residual noise called musical noise. 

Spectral subtraction also does not attenuate noise sufficiently during the silence period 

[3]. The Wiener filter is a linear filter employed to recover the original speech signal from 

the noisy signal by reducing the Mean Square Error (MSE) between the estimated signal 

and the original one with the help of transfer function [4]. However, after application of 

the algorithm, speech quality is improved, but the musical noise still influences the speech 

quality [5]. Paliwal and Basu have used an estimation of speech signal parameters for 

clean speech, before it gets disturbed by white noise [6]. A time-adaptive algorithm to 
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adaptively estimate the speech model parameters and noise variance is used by 

Oppenheim et al [7]. Expectation-Maximization algorithm iteratively estimate the 

Spectral parameters of speech and noise parameter have proposed by Gannot[8]. There 

are lots of changes made to the basic above stated algorithms by many authors, but all this 

doesn’t meet the expectations. 

In this paper a new adaptive or Iterative Kalman filter based method with post 

processing of time-frequency mask is proposed to recover the speech signal from a 

sequence (frame) of noisy speech signals and the additive noise is modeled as the AR 

process [9].this estimation of time-varying auto regressive (AR) speech model parameters 

are based on linear prediction coefficient estimation (LPC).in addition to coefficients 

estimation this paper solved problem of de-noising the colored noise. We made an 

assumption that the noise is also an autoregressive process [10]. So we estimated its AR 

coefficients and variances by LPC in the same way. After that time-frequency mask is 

applied as a post-filter to this Iterative Kalman filter. 

The paper is organized as follows. In Section 2 we present the speech enhancement 

approach based on the Kalman filter algorithm and time-frequency mask mathematically. 

Section 3 is concerned with Implementation and evaluation of the proposed method. 

Simulation results are placed in Section 4. 

 

2. Mathematical Description 

Kalman filtering is one of the effective speech enhancement technique, in which 

speech signal is usually modeled as autoregressive (AR) model and represented in the 

state-space domain. Kalman filter based approaches proposed in the past, operate in two 

steps. First estimate the noise and the driving variances and parameters of the signal 

model, by using these parameters estimate the speech signal. Due to low SNR and the 

speech intelligibility degradation of Kalman filter based speech enhancement We 

proposed this method. 

Iterative Kalman filter: 

The speech signal 𝑠(𝑛) and the additive noise 𝑣(𝑛) are expressed in terms of 𝑝 th order 

autoregressive (AR) model as below 

𝑠(𝑛) =  ∑ 𝑎𝑗𝑠(𝑛 − 𝑖) + 𝑢(𝑖)
𝑝
𝑖=1                                                                                                  (1) 

𝑣(𝑛) =  ∑ bjx(n − j) + w(i)                                                                                  
p
j=1               (2) 

And Noisy speech can be expressed as 

𝑦(𝑛) = 𝑠(𝑛) + 𝑣(𝑛)                                                                                                         (3) 

Where 𝑠(𝑛) is the 𝑛 th sample of the speech single, 𝑣(𝑛) is the 𝑛 th sample of the 

additive noise, 𝑦(𝑛) is the 𝑛 th sample of noisy speech. 𝑎𝑗 And 𝑏𝑗  or AR model 

parameters. 

State-space form of above AR model is  

𝑠(𝑛 + 1)     =      𝐴(𝑛)𝑠(𝑛) + (𝑢(𝑛), 0, ……… . ,0)𝑇                                                          (4) 

    𝐴(𝑛) =
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𝑣(𝑛 + 1)     =      𝐵(𝑛)𝑠(𝑛) + (𝑤(𝑛), 0, ……… . ,0)𝑇                                                        (6) 

 

𝐵(𝑛) = [

𝑏1(𝑛) … 𝑏𝑞−1(𝑛) 𝑏𝑞(𝑛)

1 … 0           0
⋮
0

⋱
…

0          
1          

⋮
0

]                                   (7) 

From the above discussion the augmented state vector 𝑋(𝑛) and driving noise 

vector 𝑊(𝑛). 

𝑋(𝑛) = (
𝑠(𝑛)

𝑣(𝑛)
) ,     𝑊(𝑛) = (

𝑢(𝑛)

𝑤(𝑛)
)                                                                                    

(8) 

From Eq.(3) and (4) 

𝑋(𝑛 + 1) = 𝐹(𝑛)𝑋(𝑛) + 𝐺𝑊(𝑛)                                           (9) 

          𝑦(𝑛) = 𝐶𝑇𝑋(𝑛) 

Where 𝐹(𝑛) = (
𝐴(𝑛) 0
0 𝐵(𝑛))     𝐺 = (

𝑒𝑠 0
0 𝑒𝑣

)       𝐶 = (𝑒𝑠
𝑒𝑣

) 

𝑒𝑠 = (1,0,……0, )𝑇 with d+1 dimension and 𝑒𝑣 with q dimension.Now we can optimally 

suppresses the disturbing noise by calculating Kalman filter basic parameters such as 

variance and gain [8]. 

The process of Iterative Kalman filter [8] is in two steps. 1. Estimation: state vector 

propagation, parameter covariance matrix propagation and 2. Updating: compute Kalman 

gain, state vector update, parameter covariance matrix update. 

 

 

Figure 1. Block Diagram for Iterative Kalman Filter with Time and Frequency 
Masking 
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Time-Frequency making: 

After applying noisy speech to the Iterative Kalman filter we got better results than 

spectral and wiener filter methods. It is completely removing background noise and 

producing clean speech for number of iteration in-between 3-5. But if the no. of iteration 

is more than 5 then more noise is reduced, but the intelligibility of speech is degraded. So 

to improve intelligibility of speech time-frequency mask with a weighting factor of 

1/(1+gamma*diff (t, f)) is used as a post process to the iterative Kalman filter. Time-

Frequency mask have been found useful by the various speech processing researchers to 

remove unwanted energy [11-12]. Here a mask of weights is applied to a time-frequency 

by multiplying the values in the cells by weights. Here time-frequency grid mean a 

spectrogram type representation. 

The weights are set closer to 0 the more unwanted energy was judged to be in the cell. 

To find the spectrogram cells where there is more energy after the IKF (Iterative 

Kalman Filter) than before the IKF processing, the code subtracts the spectrally 

normalized magnitude spectrogram of the input to the IKF (Iterative Kalman Filter) from 

that of the ITF output, setting negative values to zero. 

𝑑𝑖𝑓𝑓(𝑡, 𝑓) = 𝑚𝑎𝑥(0, 𝑜𝑢𝑡𝑀𝑎𝑔𝑁𝑜𝑟𝑚𝑒𝑑(𝑡, 𝑓) − 𝑖𝑛𝑀𝑎𝑔𝑁𝑜𝑟𝑚𝑒𝑑(𝑡, 𝑓)                         (10) 

The time - frequency mask is expressed as 

𝑚𝑎𝑠𝑘(𝑡, 𝑓) = 1/(1 + 𝑔𝑎𝑚𝑚𝑎 ∗ 𝑑𝑖𝑓𝑓(𝑡, 𝑓))                                    (11) 

The mask is then applied to the magnitude spectrogram (the non-spectrally-normalized 

magnitude spectrogram in the following fragment. 

𝑜𝑢𝑡𝑚𝑎𝑔𝑀𝑎𝑠𝑘𝑒𝑑(𝑡, 𝑓) = 𝑜𝑢𝑡𝑀𝑎𝑔(𝑡, 𝑓) ∗ 𝑚𝑎𝑠𝑘(𝑡, 𝑓)                                   (12) 

Finally, 𝑜𝑢𝑡𝑚𝑎𝑔𝑀𝑎𝑠𝑘𝑒𝑑 is combined with the phase spectrogram of the ITF output to 

create a complex DFT spectrogram, from which a time-domain waveform is calculated 

 

3. Implementation and Evaluation of Proposed Method 

The figure shows the flow of the proposed method. Matlab code is developed, where 

Kalman filter is applied to different real time noisy signals taken from Noizeus database. 

In this method first Noisy speech signal and noise signals are modeled by an AR model of 

order P=20. These 20 AR coefficients are updated for every analysis frame of 25ms 

duration which is obtained from chopped the noisy speech signal into 25ms duration with 

the help of Hanning window and analyzed using the linear prediction analysis method 

(LPC). 

The additive measurement noise is assumed to be stationary during the each small 

frame. LPC coefficient estimation, order is taken as 13 for both noisy speech and noise 

signals. Number of iterations are set to be 4. If it is more than 4 it is removing more noise, 

but speech intelligibility is degrading, so it is set to be at 4. In my experiments with the 

ITF started with the way of calculating the weights that are currently in the Matlab 

code (i.e., as the weighting factor) and I made an adjustment increasing gamma from 

starting value of gamma=1 to 100. We found better performance at 100. So we considered 

gamma is 100. Perhaps a higher or lower value of gamma will be better for post-

processing of other algorithms or other data. 

 

4. Results 

In this paper, we have observed and tabulated the results of Spectral Subtraction, 

Wiener Filter Kalman filter methods and compared with the Iterative Kalman filter with 

time and frequency mask method. Here different real time noise signals (From NOIZES 

database) of 0dB, 5dB , 10dB and 15 dB are considered to process using a Hanning 
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window in above three stated algorithms. Compared to all these methods, proposed 

algorithm giving best results in SNR. Speech, Noise and Expected waveforms are shown 

below figure. Experimental results show that the proposed technique is effective for 

speech enhancement compare to conventional Kalman filter. 

 

 

Figure 1. Input Signal_5db 

 

Figure 2. Noisy Speech Signal 

 

Figure 3. Enhanced Signal (at 5dB) Using a Spectral Subtraction Method 

 

Figure 4. Enhanced Signal Using Wiener Filtering at 5dB  
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Figure 5. Iterative Kalman with Time-Frequency Mask Output Speech Wave 
Forms 

 

Figure 6. Spectrograms of Speech, Noise and Output Waveforms of 
Proposed Method 

Table 1. Comparison of Input-Output SNR of Different Speech Enhancement 
Algorithms 

 

 

 

 

 

 

 

OUTPUT SIGNAL TO NOISE RATIO RESULTS( white noise) 

method/noise level 

clean 

speech 0dB 5db 10db 

Spectral Subtraction 2.9245 1.8926 2.2142 2.6056 

wiener filter 2.9325 1.8992 2.3523 2.7021 

Iterative Kalman 2.6702 1.6521 2.3852 2.6595 

proposed method 3.0288 1.8998 2.406 2.8091 
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Table 2. SNR Analysis (Color Noise) of Proposed Method in Different Noisy 
Environment 

 

 

 

 

 

 

 

 

 

 

 

 

 

5. Conclusion 

In the present study, based on Adaptive Kalman filter, an improved method of Iterative 

Kalman filter with time and frequency mask is proposed. In this paper, we discussed the 

drawbacks of speech enhancement with spectral subtraction and wiener filter methods. 

Even though the conventional Kalman filter approach is giving better results than spectral 

and wiener but its SNR is low. In this paper, we implemented iterative Kalman filter with 

time and frequency mask which overcome the disadvantages of early two methods. All 

these methods are simulated and SNR values of respective methods are compared. It is 

observed that the proposed method giving better SNR values and its performance is 

comparatively superior for both stationary and non-stationary signals. 
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