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Abstract 
The paper considers an application of speech enhancement 
system in perceptually constrained variable bit rate wideband 
speech coder based on multiband CELP-algorithm with 
perceptually monitored structure of codebook (PCVBR). Both 
parts of the proposed speech coding system use the same 
overcomplete warped discrete-Fourier transform (O-WDFT). 
An overcomplete basis of the WDFT is used to minimize 
reconstruction error in high frequency range in the synthesis 
block of noise reduction system and to provide more accurate 
representation of high band frequency components. A 
robustness of the coder with embedded noise reduction 
system in noise presence is discussed.    

1. Introduction 
Wideband speech coding techniques (50-8000Hz) has been 
steeply developed recently. First of all, it is connected with 
high quality and intelligibility of wideband speech. Secondly, 
bandwidth extension from 300-3400Hz for telephone channel 
up to 50-8000Hz provides ability to encode and transmit not 
only acoustic environment around a speaker but also musical 
components and even music.  

With the increasing popularity of teleconferences, mobile 
phones, and different telecommunication services a necessity 
for acoustic noise suppression algorithms for speech signals 
has arisen since this equipment is often used in environments 
where large amounts of background noise of a different 
nature is presented. This noise lowers the perceived quality of 
the signal, and is tiring to listen to for a prolonged period. For 
example, a typical situation is hands-free set in a vehicle, 
where one would have engine noise, road noise, wind noise, 
etc. This problem has already received much attention in the 
literature, with algorithms typically having the goal of 
removing the background noise while retaining speech 
intelligibility [1]. However, these methods tend to corrupt the 
speech signal by introducing artifacts that can sound 
unnatural. Recent advances in speech enhancement and noise 
pre-processing algorithms have dramatically improved the 
quality and intelligibility of speech signals, both in the 
presence of acoustic noise as well as in benign environments 
[2]. This breakthrough extends to the application of the noise 
pre-processor working in combination with speech coding 
algorithm. In this context the importance of integration of 
speech coding and speech enhancement techniques is evident 
[3]. 

In our previous works [4], [5] we proposed a high quality 
PCVBR coder. However, an operation of the coder under 
different noise conditions has been stayed unconsidered. 
From this point of view, we have to determine a possible 
range of noise in which the coder can operate without any 
perceptible distortions in reconstructed speech and to extend a 
field of its applications. So, the aim of this work is to research 
speech quality degradation in the coder with environment 
noise presence and to propose speech enhancement system 
which could be organic embedded into coder’s structure with 
minimum efforts and computational load.  

2. PCVBR Coder Overview 
The complete implementation of the PCVBR speech coder 
was described in [4], [5]. Here, only a brief outline is 
presented. A structure of the PCVBR coder is depicted in 
Fig.1. A core of the coder is a multiband codebook of 
excitation vectors with multistage structure. The codebook is 
formed in so-called “off-line” mode from bandpass-filtered 
vectors. Subband decomposition is implemented by a non-
uniform cosine modulated polyphase filterbank [6].  

The psychoacoustic model balanced with accepted critical 
frequency scale of subband decomposition and structure of 
multistage vector quantization of subband excitation signal 
[7] is embedded into the coder to eliminate perceptual 
redundancy of coded signal. The unit of psychoacoustic 
analysis determines an optimal structure of the codebook for 
considered frame that is based on estimation of subband 
perceptual entropy (SPE). SPE is transformed to search depth 
in subband codebooks (Fig. 1) by algorithm described in [4]. 
WDFT analysis buffer contains previous history and currently 
encoded frame of original speech and is used to avoid rapid 
changes of codebook structure. The buffer has length of 512 
samples: initial 192 samples contain the last part of the 
previously encoded frame and the remaining samples contain 
currently encoded frame of the original signal. Only subbands 
determined by the unit of psychoacoustic analysis are 
involved into the coding process. 

3. Analysis of Speech Quality Degradation in 
Noise Presence 

To estimate speech degradation in background noise we used 
different patterns of noise (car, bubble, tank, etc.) at different 
SNR. A CORPORA [8] database was used as an original input 
wideband speech material. To obtain objective speech quality 
evaluation the segmental noise-to-mask ratio (NMRseg) [9], 
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Fig. 1. PCVBR speech coder structure

bark spectral distortion (BSD) and modified bark spectral 
distortion (MBSD) [10] criteria were used. Averaged values of 
estimates through the whole test material database are shown 
in Fig. 2.  
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Fig. 2. Speech quality degradation vs. noise for 
different SNR 

As it can be seen from Fig. 2, starting with SNR=10 dB 

and higher, perceptual quality of the reconstructed wideband 
speech practically does not deteriorate. However, at SNR 
lower than 5 dB, perceptual degradation is steep enough. 

 Analysis of NMRseg dependence on SNR (Fig. 2) shows 
that at SNR higher than 15 dB energy of noise becomes less 
than level of masking threshold, i.e. last one seems to be 
imperceptible.  At SNR=5 dB and higher the PCVBR coder 
provides perceptual quality of the reconstructed noisy speech 
comparable with coded one, i.e. there is no further 
degradation and both of signals have imperceptible 
differences. However, at SNR values below 5 dB there is a 
significant lose of perceptual quality (approximately 0.05 and 
1.9 for BSD and MBSD estimates, accordingly).   

Therefore, there is a need in noise pre-processor to extend 
a range of acceptable noise within the coder can operate 
without perceived speech quality degradation. 

4. Speech Enhancement System 

4.1. Speech Enhancement Approach Substantiation 

Most of existing noise reduction systems is based on the well-
known spectral subtraction techniques with perceptual 
weighting rule based on the human auditory system properties 
to avoid musical tones in enhanced speech [11].  

As we have already made choice of psychoacoustic model 
basis (WDFT) [12] we have to implement a noise ruction 
system on the same perceptual basis using the same transform 
and psychoacoustic model to avoid additional computational 
complexity. It was shown in [13] that WDFT-based noise 
reduction system turns out to be a good perceptual sound 
processing as it allows a good approximation of the Bark 
scale [14], [15]. At the same time the WDFT is used not only 
as a basis for masking model but also as frequency 
decomposition tool.  

Thus, overall processing is performed in warped spectrum 
domain and there is no need in transformations between 
different frequency scales that is usually the cause of extra 
errors.  
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4.2. Noise Reduction System Overview 

The complete implementation details of the WDFT-based 
noise reduction system were described in [13]. The system 
works in the following way. An input signal is partitioned 
into overlapping frames of N consecutive samples. Each 
frame is multiplied by a window function and transformed 
into the frequency domain. Noise reduction is achieved by 
multiplying the spectral coefficients of the noisy speech 
spectrum  by the real valued weighting function][kY )(ωH :  

 

.1)(0],[)(][~
≤≤⋅= kk HkYHkS ωω  (1) 

 
Finally, enhanced spectrum  ] is transformed back to 

the time domain and synthesized with overlap-add method. 
The derivation of the weighting function is based on direct 
exploitation of the masking properties of the human ear. If we 
denote a predefined residual noise level by 

[~ kS

dζ , the weighting 
function can be expressed as follows 
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where IND  stands for inaudible noise distortion.  

 
Note that the estimates of the masking threshold )(ωTTR  

and noise power spectral density )(ωddR  are needed to 
calculate weighting coefficients. A modified Johnston’s 
perceptual entropy model [4], [16] is used as the basis for 
clean speech masking threshold estimation. As a pre-
processor, the log spectral amplitude (LSA) rule [17] is 
employed. The noise estimation is implemented via the 
minima-controlled recursive averaging (MCRA) approach 
[18]. Although the performance of the WDFT based speech 
enhancement system seems to be quite satisfactory in the case 
of narrowband speech signals, unfortunately, for wideband 
signals the distortions in high frequency range may be 
noticeable and further improvements are needed. The main 
reason of the degradation of high frequency components is 
imperfect WDFT synthesis block which only approximates 
inverse transform. However, in work [19] this problem has 
been solved by using an overcomplete sinusoidal basis to 
reduce reconstruction error and it has been shown that this 
approach outperforms both conventional DFT and ordinary 
WDFT solutions for this system. The extended WDFT-based 
system has significantly better noise attenuation performance 
than the conventional DFT and comparable to pure WDFT 
method. 

4.3. Basics of the pure WDFT and overcomplete WDFT 

The WDFT can be defined using the matrix representation as 
follows [20] 
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where  is a first order all-pass function defined as )(zA
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From a practical point of view, there are at least two 

conditions for building the O-WDFT vector basis. Firstly, we 
need to preserve the rectangularity of transform points 
(uniform frequency resolution in a psychoacoustic scale). 
Secondly, size of the new sinusoidal basis should be small as 
possible to minimize complexity load. An overcomplete 
WDFT [19] basis in matrix form can be expressed as 
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here M>N. 
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A generalized inverse [21] of the rectangular matrix can 
be easily found using the singular value decomposition 
(SVD). If we assume negative value of the all-pa s 
parameter a , the maximal angular distanc
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To obtain the same spectral resolution in the high 

frequency regions as for conventional DFT it is assumed that 
on of the separati z -transform points is not greater than  

N/2π . Substituti maxng N/2πω =Δ  into (7) and solving 
r M we obtain fo
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5. PCVBR with Embedded Speech 

acoustic model computed 
thro

Enhancement System 
A structure of the PCVBR coder with embedded noise 
reduction system is shown in Fig. 3. The coder consists of 
three main parts or units: noise reduction unit, codebook 
structure monitoring unit and wideband CELP coder with 
multistage vector quantization of excitation signal. All three 
units work one after another. As it is depicted in Fig. 3 noise 
reduction and codebook monitoring units are tied together by 
the common psychoacoustic model. This allows avoiding of 
computational complexity increase because both of the units 
use the same (common) psycho

ugh the O-WDFT transform.  
The system works as follow. Input wideband speech goes 
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to the noise reduction unit where clean speech spectrum 
estimation and masking threshold evaluation is performed. 
This information is used to estimate spectral weighting 
coefficients and further processing of noised speech. Using 
the masking threshold estimates in each bark (twenty one in 
all for 8 kHz speech bandwidth), subband masking threshold 
evaluation is implemented by grouping barks according to 
subband decomposition scheme accepted in the coder [4], [5]. 
Evaluation of the SPE is used by codebook structure 
monitoring unit with the object of multiband codebook 
reconfiguration. When the coder’s structure is tuned and 
speech enhancement is done, speech coding process is 
realized.   
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Fig. 3. Combined speech coding system structure 

5.1. Noise Reduction Unit 

The model proposed in [13] has slightly been modified to 
meet the PCVBR coder input signal segmentation 
requirements. Noise reduction system partitions input signal 
frames of length N=320 samples (20 ms) with 50% overlap 
and multiplies by Hamming window. To provide embedding 
capability we chose analysis window size of extended WDFT 

s. According to formula (8), for N=320 and 
57827.0=

N=320 sample
−α  [15], an overcomplete basis size is 

Mopt≈ 1197. Taking into account computational complexity 
we

l complexity load in combined 
system is 655360 CMACPF. 

 used M=512.  
In the WDFT synthesis block an overlap-add operation is 

performed to obtain enhanced speech frame of original size 
which goes to the input of the coder (see Fig. 4). As it can be 
seen in Fig. 4, the noise reduction unit adds a half-frame 
algorithmic delay (10 ms) which results in a total algorithmic 
delay of 30 ms in combined speech coding system. As for 
computational load, the speech enhancement system adds 
393216 complex MAC operations per frame (CMACPF) in 
comparison with pure PCVBR coder implementation (262144 
CMACPF). Thus, the overal

 

 Fig. 4. WDFT analysis-synthesis computational 
process organization 

5.2. Codebook Structure Monitoring Unit 

Codebook structure monitoring unit realizes perceptual 
control of multiband codebook structure as it was described in 
Section 2 with insignificant modifications. For a new 
configuration of the coder with noise reduction system 
subband masking threshold estimation is made on the basis of 
the first half of the current frame and last half of the 
preceding one. Such approach provides averaging of subband 
masking thresholds between adjacent frames, thus rapid 
changes in codebook structure is avoided. 

5.3. Combined Speech Coding System Characteristics 

In this work a following speech coding system configuration 
was used. Noise reduction unit uses the WDFT 320x512 basis 
size. For the HIND rule the residual noise level was set to 

05.0=dζ . The LSA rule was configured to achieve 
maximum noise reduction of 20 dB and to work with noise at 
SNR higher than -10 dB. The factor for decision directed 
approach was set to 05.0=α . Codebook structure 
monitoring unit reconfigures coder’s structure each odd 
WDFT analysis subframe (see Fig. 4). Wideband speech 
coder bit allocation is represented in Table 1. 

Table 1. Bit allocation of the PCVBR coder 
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LSF 16 1.6875 27 1350 

Model Gain 1 7 7 350 
LTP Delays 4 8 32 1600 
LTP Gains 4 5 20 1000 
Codebook 
Structure 1 1.25 10 500 

Excitation 
Gains 

0 –
32 4 0 – 

128 0–6400 

Book 
Indexes 

0 –
32 4 – 8 0 – 

256 

50 

0–12800 

Peak bit rate, bps 24000 

6. Experimental Results 
This section describes preliminary results obtained during a 
test of the new combined wideband speech coding system. In 
Subsection 6.1 a noise reduction system effect is discussed. 
Subsection 6.2 is devoted to reconstructed speech quality 
improvement. 
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6.1. Noise Reduction System Performance  

We have researched an improvement of noised speech quality 
within speech enhancement system integrated into our coder. 
Comparison results of objective speech quality estimates are 
depicted in Fig. 5. For our purposes the same objective 
evaluations were used. Analysis of these estimates shows that 
NMRseg significantly improves for SNR values lower than 
15 dB (up to 5 dB for SNR=-10 dB). At the same time there is 
no difference between NMRseg values for SNR higher than 
15 dB.  
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Fig. 5. Speech quality improvement after noise 
reduction unit 

As for BSD and MBSD criteria, a noticeable speech 
quality improvement is achieved at SNR lower than 5 dB and 
comparable quality is at SNR=5 dB and higher. So, we can 
conclude that noise reduction pre-processor will have 
beneficial effect on reconstructed speech quality in noise 
presence with SNR=5 dB and lower. 

6.2. PCVBR Coder Speech Quality Improvement 

To evaluate speech quality improvement of combined speech 
coding system we used the same test material. Preliminary 
test results have shown that integrated speech enhancement 
system provides significantly better quality of reconstructed 
speech as compared with the pure PCVBR coder. Especially, 
it is noticeable for low values of SNR in a harsh noise 
environment. Results of experiments are shown in Fig. 6. 
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Fig. 6. Reconstructed speech quality improvement 

Analysis of Fig. 5 and Fig. 6 shows that if noise reduction 
system works well at low SNR values (less than 5 dB) the 
wideband speech coder provides comparable reconstructed 
speech quality improvement under the same noise condition. 

In Fig. 7 a comparative analysis of spectrograms of clean, 
noised, enhanced (after noise reduction system) and 
reconstructed speech is shown.  

 

Fig. 7. Spectrograms comparison for car noise at 
SNR=5 dB 
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As it can be seen in Fig. 7 the noise reduction system 
embedded into the PCVBR coder provides a good 
enhancement capability. A spectrogram of reconstructed 
wideband speech shows that coder slightly decrease noise 
amount, so we can vary noise reduction system parameters in 
order to further increase noise attenuation and to obtain high 
quality of reconstructed speech. The results were validated 
with subjective listening tests.  

Thus, combined system has wide capabilities to be in tune 
with acoustic environment in which it is used to provide 
necessary speech enhancement without any perceived 
distortions. Therefore, coder can be exploited in a variety of 
different communication applications such as hands-free sets, 
mobile phones, etc. whenever anyplace access is available 
and in a wide range of acoustic noise types (car, underground, 
and railway).  

7. Conclusions 
Testing has shown that speech quality and intelligibility 
improve in both harsh acoustic noise environment as well as 
the benign acoustic environment. A new combined speech 
coding system based on the common psychoacoustic model 
and Bark scale approximation based on the time-frequency 
transformation (i.e. O-WDFT) proofs its robustness in a wide 
range of noise. Basing on the obtained results, proposed 
speech coding system can be tuned according to the field of its 
application or noise environment in which it will be used. A 
common psychoacoustic model provides noise reduction and 
codebook structure monitoring units coordination, therefore, 
all parts of the coder work in one perceptual domain that 
decrease overall error during the speech coding process. Thus, 
proposed approach to construction of combined speech coding 
systems makes it clear that such matched systems are very 
effective in a wide range of applications. 
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