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Abstract: The dual-tree complex wavelet transform is considered a relatively recent 

improvement for the discrete wavelet transform.  In this paper, the applicability of such 

transform in the problem of speech enhancement is evaluated. For this purpose, a nonthreshold 

scheme is proposed.  Two filters, one for the imaginary part and other for the real part of 

complex wavelet coefficients were designed.  These two real filters were then averaged to 

obtain the final filter.  A uniform noise reduction was performed for all wavelet scales. 

Simulation results show that, together, nonthresholding scheme and dual-tree complex wavelet 

transform obtained consistently results.  

keywords: Speech enhancement, dual-tree complex wavelet transform, complex wavelet de-

noising.  

1 Introduction 

Important applications of speech enhancement are communication in noisy environments and 

automatic speech recognition.  The problem of speech enhancement aims at denoising a speech 

signal corrupted by noise and to improve its intelligibility.  In this sense, a powerful tool for 

denoising is the discrete wavelet transform (DWT), which provides a time-frequency analysis 

for the processing signal [2].   

For the computation of the DWT it is required a digital filter bank in a tree structure 

[7].  The coefficients of the low-pass and high-pass filters, used in the decomposition process, 

are generated from wavelet filters chosen a priori.  For each wavelet decomposition level, 

approximation and detail coefficients are acquired.  In the transition from one wavelet level to 

another, the decomposition is applied again, however, only on the approximation coefficients.  

The DWT provides an efficient representation for many types of signals that appears often in 

practice, mainly for signals containing singularities (jumps and spikes), but it has some 

shortcomings [9].  The main one, for 1-D signals, it is shift variance, i.e., a small shift of the 

signal greatly perturbs the wavelet coefficients oscillation pattern around singularities (see 

Figure 1).  In this sense, algorithms must be projected to be able of coping with the wide range 

of possible wavelet coefficient patterns caused by shifted singularities [9].  Fortunately, this 

problem is overcome by the complex wavelet transform.  The dual-tree complex wavelet 
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transform (dual-tree WT ) proposed by Kingsbury et al. [9],[5] is near shift-invariance and 

also provides other desirable properties at small additional computational costs [13].  This 

paper shows that the dual-tree WT  is very promising for speech enhancement and provides 

good results when combined with a nonthreshold scheme. 
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Figure 1.  For two impulse signals 60  e 65x n n x n n    ( ) ( ) ( ) ( ) (a), follows the 

wavelet coefficients at a fixed scale j (b) and (c). (b) real wavelet coefficients computed using a 

conventional DWT, with Daubechies length 14 filters.  (c) magnitude of the complex 

coefficients computed using a dual-tree WT , with length-14 filters from [6].  

The earliest methods of speech enhancement in the wavelet domain were based on 

thresholding.  Originally proposed by [3], wavelet thresholding considered as noisy coefficients 

those ones with absolute value under a certain value and then those coefficients were 

eliminated or modified.  The thresholding schemes were applied to speech enhancement in 

many papers, for instance in [8].  In spite of the presence good results, these methods have 

some shortcomings and were overcome by nonthreshold methods, that act on the corrupted 

signal according to its own content [10].  Nonthreshold methods perform a uniform noise 

reduction throughout the signal, avoiding inconvenient sounds generated by searching the best 

threshold, being more enjoyable to the listener [11]. 

The remainder of the paper is organized as follows: In section 2, the Dual-Tree 

complex wavelet transform is presented.  A nonthreshold scheme is presented and the 

performance of the dual-tree WT  in the problem of speech enhancement is evaluated in 

section 3.  In section 4, objective analyzes are presented.  Finally, concluding remarks are given 

in section 5. 

 2 Dual-Tree complex wavelet transform 

The dual-tree WT was introduced by Kingsbury [4] in 1998 as an enhancement to the DWT: 

it is nearly shift-invariant and directionally selective in two and higher dimensions [9]. 

Complex wavelet design takes into account some desirable characteristics of the 

Fourier transform [9].  Note that the Fourier transform is based on complex-valued oscillating 

sinusoids as in (1). 
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                                           j  e cos(  ) j sen(  ),      j 1t t t       .                                      (1) 

The real and imaginary parts are 90 out of phase with each other, thus forming a Hilbert 

transform pair.  According to [9], together they constitute an analytic signal.  Furthermore, the 

magnitude of the Fourier transform is perfectly shift-invariant. 

 Inspired by the Fourier transform, the dual-tree WT is an effective approach for 

implementing an analytic wavelet transform.  The complex coefficients generated by the dual-

tree WT  can be represented by: 

                                                     dc ( j,n) = dr ( j,n) + j di ( j,n).                                                  (2) 

The real part dr ( j,n) and the imaginary part di ( j,n) are calculed individually by two filters 

banks, see Figure 2.  In other words, the dual-tree WT  employs two discrete wavelet 

transforms, where the upper tree produces the real part and the lower tree produces the 

imaginary part of the complex coefficients.  Both sets of filters are designed so that the overall 

transform is approximately analytic and near shift invariant [9].  

 
Figure 2.  Filter bank analysis for the dual-tree WT  [9].  h0(n) and g0(n) represent 

low-pass filters whereas h1(n) and g1(n) represent high-pass filters.  cr (n) and ci (n)  are 

approximation coefficients.  Similarly, dr (j,n) and di (j,n) are details coefficients at a fixed scale 

j.  S(n) is the signal to be decomposed.  

 Approximation coefficients are obtained from real low-pass subband at the final level 

of the forward transform.  In the case of details coefficients, they are obtained from complex 

high-pass subband at each level of the forward transform.  The frequency content analysis is 

controlled by the scale factor j.  All results in this paper were obtained by using near-symmetric 

(13,19)-tap filters at first level and q-shift (14,14)-tap filters at level 1j   [9]. 

 In order to invert the dual-tree WT, the inverse of each of the two real DWTs are 

used.  After obtaining these two signals, they are averaged to obtain the inverse transform [9]. 

3 Dual-Tree WT  in the problem of speech enhancement 

In order to evaluate the performance of the dual-tree WT  in the problem of speech 

enhancement, a nonthreshold scheme is proposed.  Consider a noisy speech signal of length 

2Nn   to be processed: 

 1
2 2 1[ ] , :0 2 1N

k ky n y y k 
    . 

Then, 

Proceeding Series of the Brazilian Society of Applied and Computational Mathematics, Vol. 3, N. 1, 2015.

DOI: 10.5540/03.2015.003.01.0467 010467-3 © 2015 SBMAC

http://dx.doi.org/10.5540/03.2015.003.01.0467


   0 1 2 2 1 0 1 2 2 1 2 12 2 2 1
[ ] , ,  ... , , ,  ... , , , ,  ... , , ,  ... , ,N Nk k k k n ny n y y y y y y y y y y y y    

  . 

First, apply the dual-tree WT to y[n].  The speech signal in the wavelet domain is 

estimated by difference equations used in the numerical solution of differential equations [12].  

Equations (3)-(6) show the centered and advanced differences of even order. 

                                                   2
1 1c 2i i iy y y    ,                                                                 (3) 

                                                   4
2 1 1 2c 4 6 4i i i i i iy y y y y        ,                                        (4) 

                                                   2
1 22i i i ia y y y    ,                                                               (5) 

                                                      4
1 2 3 44 6 4i i i i i ia y y y y y        .                                       (6) 

 After applying the differences, four vectors are obtained.  The next step is the 

application of the a priori signal/noise ratio operator (SNRP), proposed in [11], on the four 

vectors generated by difference equations.  This operator, responsible by the noise estimation, 

is defined in equation (7). 

                                     ( ) ,   to 0,   , 2 and ]0,1[
i

i

i

v
g v i n

v



   


,                                 (7) 

where 0 1[ ] { , , }nV n v v  is any vector of finite difference. 

The output signal is estimated by a linear combination of the SNRP operator when 

applied to all differences. This combination generates a vector 0 1[ ] { , , }ns n s s  , whose 

elements si are obtained from (8): 

                                                 2 2 4 4( ) ( ) ( ) ( )i i i i is g c g a g c g a    .                                           (8) 

 Finally, the filter coefficients  0 1 1[ ] , ,  ... , nF n f f f   must be obtained via sigmoidal 

adjustment as in (9): 

                                                            
1 e 1 e

 
1 e 1 e

i i

i i

s s

i s s
f

 

 





 


 
.                                                   (9) 

Proposed by [11], the sigmoidal adjustment in (9) normalizes the filter amplitude into 

[0,1].  The parameter   controls the sigmoid slope and depends only of the noise profile: 

                                                                         ,                                                              (10) 

 is the standard deviation of the signal and  is a value based on the noise power. 

This step is very important because it keeps the original amplitude of the speech signal.  

The denoising process is performed through the product between the filter coefficients fi and 

the noise speech coefficients yi, in the wavelet domain.  The enhanced speech signal is obtained 

by the inverse dual-tree WT . 

The method consists in applying the nonthreshold scheme on the approximation and 

details coefficients for all the scales j, j = 1,2, … ,6.  It is proposed to design two filters to the 

real and imaginary parts in (2), respectively.  These two real filters are then averaged in order to 

obtain the final filter.  The enhanced signal is obtained by the product between the real 

coefficients fi and the complex coefficients dc ( j,n) for all the scales.  Note that the proposed 

method does not alter the phase of the noisy signal. 

  In order to evaluate a subjective observation of the enhanced speech by the proposed 

method, waveforms and spectrograms of the clean speech, noisy speech, and enhanced speech 

are presented in Figure 3.  A speech signal in the male voice was enhanced, after being 

corrupted by car noise, generating a signal with 5 dB SNR.  It can be noted that there was an 

improvement of 16.26 dB in the signal.  Furthermore, it can be noted by the spectrograms that 
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the nonthreshold scheme together with dual-tree WT performs a strong noise reduction and a 

low loss of speech information. 

 Objective analyzes are the subject of the next section, where, apart from the car noise, 

it was also used the cafeteria noise. 
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Figure 3.  Waveform of clean speech, noise speech and enhanced speech.  On the right, their 

respective spectrograms. 

4 Objective analyzes 

In order to check the performance of the nonthresholding method based on dual-tree WT,  

four signals corrupted by car and cafeteria noise, divided into male and female voice, were 

used.  Among them, there was a Portuguese male voice signal and the others were in English.  

All the signals used in the experiments are suggested by Test Signals for Telecommunication 

Systems (ITU-T). 

 Two quality objective measures were used, the Signal to Noise Ratio (SNR) and the 

Perceptual Evaluation of Speech Quality (PESQ).  The assessment made by PESQ is based on 

psychoacoustic characteristics of the human ear.  The PESQ score ranges between 1 and 5, 

being considered a signal of good quality the one with score equal or greater than 3 [1]. 

 Table 1 shows the values of SNR for the clean signals and Table 2 shows the 

enhancement for the same signals, after being corrupted, generating signals with 5 dB and 10 

dB SNR.  Table 3 shows the PESQ scores to enhanced signals. 

Clean signals SNR (dB) 

Male 1 32.48 

Male 2 34.22 

Female 1 37.20 

Female 2 28.53 

Table 1: SNR’s of clean signals.  
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  SNR evaluation 

 5 dB 10 dB 

Car  

noise 

Cafeteria 

noise 

Car  

noise 

Cafeteria 

noise 

Male 1 23.76 16.90 38.56 26.62 

Male 2* 23.67 13.82 38.76 26.51 

Female 1 22.26 27.44 38.62 34.99 

Female 2 26.31 21.66 37.39 27.77 

Table 2:  SNR of speech enhancement by the proposed method from four speakers  

with 5 dB and 10 dB SNRs.  
( * ) Portuguese.  

PESQ evaluation 

 5 dB 10 dB 

Car  

noise 

Cafeteria 

noise 

Car  

noise 

Cafeteria 

noise 

Male 1 3.33 3.07 3.78 3.56 

Male 2* 3.26 2.85 3.73 3.43 

Female 1 2.81 2.75 3.05 2.88 

Female 2 3.08 2.82 3.52 3.20 

Table 3:  PESQ score to speech enhanced by the proposed method from four speakers  

with 5 dB and 10 dB SNRs.  
( * ) Portuguese. 

 The PESQ score measures the intelligibility of the processed signal.  In this sense, 

analyzing the PESQ scores in the Table 3, it is observed that there was no strong distortion in 

the enhanced speech.  Most of the enhanced signals obtained scores higher than 3.  The others 

obtained scores very close to 3. 

5 Conclusion 

In this paper, a nonthresholding method based on dual-tree WT  has been presented.  The 

objective was to verify the use of dual-tree complex wavelet transform in the problem of speech 

enhancement. 

The dual-tree WT  is nearly shift-invariant and directionally selective in two and 

higher dimensions, being considered a relatively recent improvement for the DWT. 

Nonthresholding scheme performs a uniform noise reduction throughout the signal, 

avoiding inconvenient sounds, generated by the choice of the best threshold in thesholding 

methods. 

Simulation results show that together, nonthresholding scheme and dual-tree WT,  

obtained consistent results.  The evaluation of SNR shows that the proposed method performs, 

in average, an improvement of 23.66 dB for the car noise and 16.96 dB for the cafeteria noise.  

In the case of PESQ evaluation, most enhanced signals had obtained scores higher or very close 

to 3.  This shows that there were not serious distortions in the enhanced speech. 

For future works, it is intended to develop a speech enhancement method based on the 

complex magnitude of the dual-tree WT.   Furthermore, the possibility of a phase change will 

be studied.  As Figure 3 shows, the advantages of the nearly shift invariant property are fully 

achieved by magnitude of the complex wavelets coefficients.  
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