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Abstract.The previous research has proved that restoring the instantaneous amplitude 

and phase individually by linear prediction with Kalman filter on Gammatone filterbank 

could improve quality and intelligibility of noisy reverberant speech significantly. 

However, this method still suffers from the double prediction errors caused by the 

separated estimation for instantaneous amplitude and phase. This paper aims to study 

feasibility for restoring both instantaneous amplitude and phase simultaneously by 

complex Kalman filter to improve previous method. The signal to error ratio (SER), 

perceptual evaluation of speech quality (PESQ) and SNR loss were used as objective 

evaluation metrics. Results showed that the proposed method could effectively improve 

these objective metrics more than the previous method. 
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1   Introduction 

The quality and intelligibility of speech are very important for speech communication, 

which nevertheless are always degraded due to the interference such as background noise and 

reverberation. Particularly the performance of applications, which always contain only one 

microphone with the consideration of cost and size, such as speech coders, hearing aids and 

automatic speech recognition (ASR) systems, might be severely reduced. Therefore, single 

channel speech enhancement methods are of great necessity to be developed. 

In the previous research, various single channel speech enhancement methods have 

already been considered to remove the effects of noise or reverberation to improve the quality 

or intelligibility of speech signals. Among the many proposed methods, short-time Fourier 

transform based analysis-modification-synthesis (STFT-AMS) was the most widely used 

framework for speech enhancement [1]. Based on the survey of noise reduction methods, the 

spectral subtraction (SS) method has been shown to effectively suppress stationary noise [2]. 

This method performs subtraction of an estimated noise magnitude spectrum from a noisy 

speech magnitude spectrum. The methods related to minimum mean-square error short-time 

spectral amplitude (MMSE-STSA) estimator, which was proposed by Ephraim and Malah [3] 

and the Wiener filtering algorithm proposed by Scalart and Filho [4] have also drawn a great 

deal of attention, because of simplicity and efficient spectral magnitude estimation. 

In the reverberant environments, cepstral mean normalization (CMN) [5] based on STFT-

AMS framework, which could suppress the effect of reverberation by normalizing cepstral 

features, has been shown to be the simplest and most effective method. However, this method  
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is not effective with the presence of the late reverberation. Another method based on multiple-

step linear prediction (MSLP) was proposed by Kinoshita et al. [6]. This method estimates the 

late reverberation by long-term MSLP and then it could be suppressed by subsequent SS.  

However, most existing methods cannot work well in noisy reverberant environments to 

completely remove the effects of noise and reverberation simultaneously. Recently the 

effectiveness of phase manipulation is of great interest for researchers in speech enhancement. 

Modulation-phase-only experiments have been carried out which proved the importance of 

modulation phase spectrum in speech intelligibility [7]. Liu et al. [8] tried to improve the 

quality as well as the intelligibility of speech signals in noisy reverberant environments by 

restoring instantaneous amplitude and phase individually. However, it is still challenging for 

the complex version of Kalman filter for restoring instantaneous amplitude and phase as a 

whole.  

In this paper, complex Kalman filter is proposed to improve the quality and intelligibility 

of speech in noisy reverberant environments. The derivation of the accurate transition matrices 

was deeply concentrated because the speech enhancement  performance of the Kalman filter 

depends on the accuracy and reliability of transition matrices. These matrices were obtained 

by autocorrelation approach [9] for the complex form of instantaneous amplitude and phase. In 

addition, the effects of noise corresponding to additive and convolved noise (late reverberant 

speech) and reverberation were removed simultaneously with consideration of complex 

Kalman filter with efficient LP and the early reflection effect can be removed by CMN process. 

2   Proposed Method 

Our proposed method for speech enhancement is the extension of previous method [8] based 

on ASM framework on a Gammatone filterbank. The model consists of three steps: (i) Analysis 

stage, the noisy reverberant speech is decomposed by the Gammatone filterbank [10]. (ii) 

Modification stage, where the speech components in each channel are enhanced by complex 

Kalman filter with linear prediction (LP). (iii) Re-synthesis state, the restored speech is synthesized 

by the inverse Gammatone filterbank [10].  

2.1   Signal Definition 

The noisy reverberant speech )()(*)()(NR tnthtxty   is observed. Here )(th is the 

room impulse response which consists of early reflection )(thE  and late reverberation )(thL , 

then we have )()()()()(*)()(*)( tntxtxtnthtxthtxy LELENR  , where )(txE is 

early reverberant speech and  )(txL  is late reverberant speech.  The output of k-th channel from 

Gammatone filterbank is represented as: 

.))(exp().()()()( ,,,2,,1,, tjtjtAtYtYtY kNRkkNRkNRkNRkNR                    (1) 

where )(1 tY ,kNR,
 and )(,2, tY kNR

 are components of )(txE  and )()( tntxL   respectively. k  is 

the center frequency in k-th channel. )(, tA kNR
 and )(tNR,k  are the instantaneous amplitude and 



 

 

 

 

phase of noisy reverberant speech. )(tYNR,k
 could be rewritten in complex form which is used as 

the input for complex Kalman filter as: 

.))(sin().())(cos().()(
,, ,,, tttjAtttAtY
kNRkNR kkNRkkNRkNR                   (2) 

In this paper, we focus on removing the late reverberation as well as the noise by complex 

Kalman filter and the early reflection could be suppressed by CMN process. 

2.2   Complex Kalman Filter 

Complex Kalman filter uses the state equation and observation equation to update the gain  

factors and predict the values. The state equation of k-th channel in complex Kalman filter is 

defined as: 

.][]1[.][ mWmSFmS kkk                                            (3) 

where m is the sampling index. kF is the transition matrix in k-th channel and ][mWk  is driving 

noise which is assumed to be Gaussian white noise and the variance is kQ . ][mSk  is the state 

vector of the output of Gammatone filterbank at sampling point m and the size of vector is p, which 

is the LP order.  

The observation equation in k-th channel is defined as: 

  .][][.][ mVmSHmO kkkk                                            (4) 

where  ][mOk
 is the observation value at sampling point m and 

kH  is the observation matrix. 

][mVk
 is the observation noise whose variance is 

kR . It should be mentioned that all the values in 

these equations are complex number which is different from our previous method. Moreover, the 

variance of driving noise and observation noise are separately estimated in each channel. 

The process of complex Kalman filter is described as follows: 

，]1|1[.]1|[ˆ  mmSFmmS kkk
                                             (5) 
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Table 1. Results of PESQ and SNR loss (averaged values) 

 

Fig. 1.  Improved SER in different noisy reverberant conditions. 

The initial state vector ]1|1[kS  could be set to random value because it will be close to 

the original state vector after a few iterations.  ]|[ mmPk
 is the error covariance matrix which 

is calculated in equation (6) and updated in equation (9). ][mGk
 is the Kalman gain which is 

calculated in equation (7). e is the innovation and the final estimation of state vector could be 

obtained in equation (10). 
kH  is set to [0,0,0...,1] and 

kF  is estimated by LP method. We 

calculated the p-th order LP coefficient for each channel from a closed dataset and covert it to 

line spectral frequencies (LSF) for stability. After averaging the LSF coefficients, we convert 

it back to LP coefficients as trained coefficients which are used in the equations (5) and (6). 

The output of complex Kalman filter could be re-synthesized by inverse Gammatone 

filterbank and the late reverberation could removed by CMN process. 

3   Experiments 

SNR/TR 

Methods 

Noisy Reverberant Previous Method Proposed Method 

PESQ SNR loss PESQ SNR loss PESQ SNR loss 

10 dB/0.5s 1.81 0.89 2.16 0.69 2.77 0.66 

10 dB/2s 1.33 0.92 2.02 0.71 2.35 0.67 

0 dB/0.5s 1.39 0.93 1.97 0.75 2.31 0.71 

0 dB/2s 1.02 0.94 1.91 0.76 2.12 0.74 
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To evaluate the effectiveness of the proposed methods, we carried out experiments using 

four Japanese sentences uttered by two male and two female speakers from ATR database [11] 

to train the LP coefficients and then chose ten different sentences uttered by five male and five 

female speakers for testing. The signal to noise ratios (SNRs) between x(t) and n(t) were fixed 

at 10 dB and 0 dB and the reverberation time TR is set to 2 s and 0.5 s. We used a Gammatone 

filterbank to divide the signal into 32 channels (K = 32). We used the sampling frequency of 

20 kHz and utilized a 25-ms-long rectangular window. The LP order, p, was set to 8. 

We have evaluated the improvement of the restored speech by measuring the signal to 

error ratio (SER) which shows the level of the error that we can reduce. SER is defined as 

follows: 
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where )(txk
 is the clean speech of k-th channel and )(ˆ txk

is the restored speech of k-th 

channel. Figure 2 shows the comparison of improved SER by previous method and proposed  

method under the best and worst conditions. The blue bars show the improved SER by 

previous method and the orange bars indicate the improvement between the previous and 

proposed methods. It could be observed that improvement in low frequency channels is higher 

than high frequency channels because high frequency components are only additive noise 

which has already been thoroughly removed by previous method. 

Perceptual evaluation of sound quality (PESQ) [12] and SNR loss [13] were chosen for 

evaluating the quality and intelligibility of speech in the experiments. PESQ in the objective 

difference grades (ODGs) that covers from -0.5 (very annoying) to 4.5 (imperceptible) was 

used to evaluate subjective quality. SNR loss that ranges from 0.0 to 1.0 was used to evaluate 

intelligibility of speech. SNR losses (0 to 1.0) are corresponded to the percent correctness 

(100% to 0%). The results of objective measures are listed in Table 1, which indicate that the 

proposed method could improve more quality and intelligibility of speech than previous 

method. 

4   Conclusion 

We proposed a complex Kalman filter for speech enhancement on the Gammatone 

filterbank in noisy reverberant environments. The proposed method reduced the prediction 

error by dealing with instantaneous amplitudes and phases simultaneously. The results of 

objective evaluations revealed that the proposed method can greatly improve the previous 

method in terms of SER, PESQ and SNR loss, which are related with the quality and 

intelligibility of speech. 
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