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ABSTRACT 

In noise suppression methods that are based on an analysis-

synthesis approach, speech is enhanced by re-synthesis us-

ing acoustic cues extracted from harmonic noise model 

(HNM) analysis. In this paper, a complete analysis-synthesis 

framework using HNM is introduced and generalized for 

different noise conditions. Fine details in choosing and esti-

mating HNM parameters are discussed. Techniques that 

contribute to robust estimation of HNM parameters are pro-

posed. Evaluation results demonstrate the effectiveness of 

the proposed HNM-based noise suppression method in low 

signal-to-noise ratio environments. 

1. INTRODUCTION 

A noise suppression method based on an analysis-synthesis 

approach using harmonic noise model (HNM) is proposed in 

[1] to enhance the speech in the presence of car noise. This 

method is attractive as it can retrieve damaged speech struc-

ture and at the same time remove residual noises such as 

musical tones, provided that the modelling of HNM is accu-

rate. In such cases, the choice and estimation of model pa-

rameters are crucial as they directly affect the perceptual 

quality of synthetic speech. In this paper, we focus on robust 

modelling of HNM. Details in choosing auxiliary estimation 

tools such as preliminary filter and voiced/unvoiced (V/UV) 

classifier are discussed. Techniques for pitch tracking and 

harmonic restoration are proposed to improve the robustness 

of estimating HNM parameters for speech enhancement in 

different noise environments.  

This paper is organized as follows. Section 2 introduces 

a complete analysis-synthesis framework for applying HNM 

in speech enhancement. In Section 3, we look into details of 

each important component of the speech enhancement sys-

tem and evaluate their interactions within the proposed 

analysis-synthesis framework. Section 4 shows and discusses 

the results of performance evaluation and Section 5 con-

cludes this work.  

2. ANALYSIS-SYNTHESIS FRAMEWORK 

The proposed speech enhancement system comprises  two 

stages, namely speech analysis stage and speech synthesis 

stage. At speech analysis stage, noisy speech is initially pre-

cleaned by a classical speech enhancement algorithm. 

Acoustic features are extracted from the pre-cleaned speech 

through spectral analysis. Pitch frequency and harmonic 

magnitudes are estimated based on the spectrum matching 

between the pre-cleaned spectrum and the excitation spec-

trum. V/UV decision of each frame is made according to the 

total energy of pre-cleaned signals. Mixing function is cal-

culated from the spectral envelope of pre-cleaned signals. 

Residual energy is obtained from both spectral envelope and 

mixing function. The refined pitch, harmonic magnitudes, 

residual energy, and mixing function are passed to the syn-

thesis stage. At speech synthesis stage, voiced speech is syn-

thesized in time domain to allow a smooth evolution of fun-

damental frequency from frame to frame. The amplitude 

function is linearly interpolated between frames with V/UV 

band information while a quadratic phase interpolation is 

resulted from linearly interpolated harmonic frequencies. 

Unvoiced speech is also synthesized in time domain. The 

weighted power spectrum is converted to autocorrelation 

data and then an all-pole linear predictive coding (LPC) 

model is fitted to the autocorrelation data to compute the 

synthesis filter’s residual signal gain. Random Gaussian 

noise is generated and fitted into the synthesis filter to pro-

duce the unvoiced speech signal. The resulting synthesized 

speech is simply the sum of voiced and unvoiced speech. 

The block diagram of speech analysis and synthesis are 

shown in Figure 1.  

 

 

Figure 1 - Block diagram of speech analysis and synthesis 
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3. HNM MODELLING 

3.1 Pre-cleaning 

At the first stage, the degraded speech is initially enhanced 

by a classical speech enhancement algorithm. The major 

reason of doing so is that the distortion between clean 

speech spectrum and noise corrupted spectrum will be large 

in low signal-to-noise ratio (SNR) environment. For this 

reason, spectrum matching based pitch estimation method 

will have large errors if it is directly applied on original de-

graded speech. It is confirmed that pre-cleaning procedure 

becomes necessary when noise is aggressive (e.g. 

SNR<15dB). Hence the choice of the pre-cleaning algorithm 

is significant and it is selected based on the following three 

criteria: (i) the pre-cleaning algorithm should be able to re-

store some distorted harmonics; (ii) average noise level 

should be suppressed to a certain level; and (iii) suppression 

should not be too aggressive to distort those dominant for-

mants. Speech enhancement algorithms used in [2] have 

been tested as a pre-cleaning tool to evaluate their interac-

tions with the proposed HNM-based system. Results show 

that the minimum mean square error incorporating signal 

presence uncertainty (MMSE-SPU) algorithm [3] is the best 

choice based on the above criteria. 

3.2 Pitch Estimation 

The proposed analysis-synthesis framework is developed 

based on the prototype of multi-band excitation (MBE) cod-

ing. In MBE analysis, the optimum pitch period is obtained 

by minimizing an error function returned from the spectrum 

matching between an input spectrum  and an excitation 

spectrum  obtained from Fourier transform magni-

tude of a windowed impulse train with pitch period . An 

improved measure is proposed in [4] and adopted in this 

work to reduce the gross pitch errors owing to pitch dou-

blings. The improved error measure is defined as 
 

 (1) 

where 

                        (2) 

 

                   (3) 

 

and  is a weighting factor for biasing the pitch dependent 

error,  is total number of bands in the speech spectrum, 

 and  are the lower and upper boundaries of the  

-th harmonic band, respectively. This algorithm is very 

robust in clean environment and no extra pitch tracking pro-

cedure is required. However, in low SNR environment, the 

input spectrum would be severely distorted even after pre-

cleaning. In order to reduce the mismatches, two post-

processing techniques are proposed to improve the robust-

ness of pitch estimation. 

           Initially, the algorithm searches the whole range of the 

pitch period that covers all possible fundamental frequencies 

of human voice. The assumption made here is that only one 

dominant speaker is talking at a time. Hence we assume that 

the evolution of pitch contour should be smooth, and it 

would not undergo abrupt fluctuation during a single voiced 

period. In this scenario, the first five consecutive robust pitch 

values estimated in a single voiced period, i.e., those pitch 

values which are derived with the normalized matching error 

less than a predefined threshold, are averaged to form a base-

line pitch value. This value is updated using first order infi-

nite impulse response (IIR) smoothing once a new robust 

pitch value is available and it is reset when a single voiced 

period is over. The pitch period searching is then refined to a 

narrower range based on the baseline value during this 

voiced period. There are two advantages of doing so: (i) it 

will reduce the gross pitch errors such as double pitch errors 

by neglecting the out-of-range values; and (ii) it will reduce 

the computational load significantly. To further reduce the 

gross pitch errors, we place an additional favor to those 

neighboring pitch periods of last estimated pitch period dur-

ing searching process. Assume  is the pitch period in ms 

at -th frame, and  is the improved error function, and 

then modified error function  is defined as: 
 

                                                                  (4) 

where 

     

           (5) 

and  is the searching index,  is the fast Fourier transform 

(FFT) size,  is the sampling frequency,  is the upsampling 

factor,  is the offset with favor,  is the weighting factor 

which is empirically set to 0.88, and  stands for truncation 

to its lower closest integer value, respectively.  

3.3 Harmonic Magnitude Estimation 

Harmonic magnitudes are estimated in each frame for accu-

rate restoration of harmonic structure in synthetic speech. 

Practically, for application of harmonic analysis in speech 

coding, band magnitudes are derived and encoded as the 

LPC spectral envelope of the original spectrum because of 

the compact representation of LPC parameters for low bit-

rate transmission. However, in the application of speech 

enhancement, there is no strict limitation on the transmission 

rate, so the band magnitudes can be estimated directly from 

the original spectrum as  
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provided that the pitch  has been accu-

rately estimated. This approach offers accurate and robust 

estimation for noise-free spectra. However, in low SNR en-

vironment, it is typical that only those dominant harmonics 

remain after the pre-cleaning process. A post-processing 

technique is proposed to restore missing harmonics. Figure 2 

illustrates the post-processing technique for magnitude res-

toration. 

 

Figure 2 - Magnitude restoration using low-order LPC envelope 

 It is noticed that the region between dominant formants is 

over-suppressed after pre-cleaning. A lower order (e.g. order 

4) LPC spectral envelope is applied to scale up the over-

suppressed harmonics between formants (i.e. resample the 

harmonic magnitudes from the lower order envelope). Ex-

periments have been carried out to evaluate this technique. It 

is testified that the perceptual quality is sensitive to the 

modification of magnitudes. Consequently, a conservative 

strategy of using this technique is adopted for magnitude 

post-processing, i.e., only those voiced frames with large 

drift in consecutive harmonics (e.g. difference >10dB) be-

tween formants are shaped using a lower order envelope. 

The employment of this post-processing technique generally 

gives better results in most of objective measures such as 

SNR gain and perceptual evaluation of speech quality 

(PESQ).  

3.4 V/UV frame classification 

In HNM analysis, a voice activity detector (VAD) is needed 

to classify voiced and unvoiced frames as only those frames 

labelled as voiced are applied with the aforementioned pitch 

estimation technique while for those unvoiced frames pitch 

values are set to zero. A total of three attempts are made for 

selecting a suitable VAD for HNM-based speech enhance-

ment system. In clean speech analysis, the modified match-

ing error function described in (4) is sufficient. However, 

some experiments have been conducted, showing that a 

good cut-off threshold that gives satisfactory V/UV classifi-

cation in very low SNR environments still cannot be deter-

mined. A statistical VAD suggested in [1] is proven to be 

effective in most cases and no additional calculation is 

needed since it is already obtained in the pre-cleaning proc-

ess. Alternatively, signal energy of pre-cleaned speech is 

found to be effective as a V/UV frame classification tool. 

This method generally offers a better classification than sta-

tistical VAD as it offers the flexibility to take into account 

which portion of the spectrum to compute the total energy. 

As a result, certain frequency regions can be exempted from 

VAD decision if it is deteriorated by strong colored noise. 

3.5 V/UV harmonic band classification 

V/UV harmonic band classification is used within an indi-

vidual frame to guide harmonic magnitude interpolation in 

voiced speech synthesis. Basically, there are two approaches 

to label V/UV harmonic bands for different spectral regions. 

In the first approach, matching error returned in each har-

monic band is used while in the second approach a V/UV 

mixing function adopted in [1] is employed. The latter ap-

proach is more robust in low SNR environment as illustrated 

in Figure 3. 

 

Figure 3 - Comparison of V/UV band classification 

It shows a typical over-suppressed frame after pre-cleaning. 

It is observed that the dominant harmonics are retained 

while other minor harmonics are highly suppressed to insig-

nificant level comparable to high-frequency noisy region. 

Consequently, the matching error approach may misclassify 

these over-suppressed harmonics as unvoiced, and hence 

they cannot be restored during synthesis stage. On the other 

hand, the mixing function approach is calculated based on 

less-sensitive LPC spectral envelope and the searching starts 

from the high-frequency region. Once the transition point is 

found, all of the harmonic bands in lower frequency regions 

are classified as voiced and the rest are classified as un-

voiced.  

4. PERFORMANCE EVALUATION 

To correlate with the subjective evaluation conducted in [1], 

objective evaluations are carried out on the proposed method 

with improved HNM modelling in this work. The evaluation 

consists of a frequency weighted segmental SNR measure 

[5], a standardized PESQ measure [6], and a study of speech 

spectrograms. In all the experiments, speech signal is sam-

pled at 8 kHz, FFT with length of 256 is used for analysis. 
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Overlap-save sectioning procedure is adopted and the per-

centage of overlapping is 75%. Three types of noisy files are 

used for objective measures: speech corrupted by car noise 

and street noise at SNR level ranges from 0dB to 15dB, with 

a step size of 5dB, are taken from NOIZEUS database [6], 

which contains standard IEEE sentences corrupted by real-

world noise from AURORA database. Noisy speech of the 

third type is manually corrupted by white Gaussian noise also 

at same SNR levels, using ITU-T P.56 standard [8]. Evalua-

tion results are averaged out using 10 utterances from the 

aforementioned NOIZEUS database. Half of the utterances 

are from male speakers and half are from female speakers. 

         Based on the results reported in [2] and the results of 

our previous experiment [1], the MMSE-SPU method [3] 

and the log-spectral minimum mean square error 

(LOGMMSE) method [9] generally give better subjective 

results. In this work, we compare the proposed method, 

which we label as HNM method, with the original MMSE-

SPU method [3], the LOGMMSE [9] method and the corre-

sponding noisy speech without enhancement (WE). Figures 

4 and 5 show the results of PESQ measure and the fre-

quency weighted segmental SNR measure, respectively. It is 

observed that the proposed noise suppression method ob-

tains an average of around 0.2 point improvement in PESQ 

score (1.0 is worst and 4.5 is best) and an average of 1dB 

gain in frequency weighted segmental SNR measure over 

conventional methods in low SNR environments. For PESQ 

measure, the proposed method achieves substantial gain 

over conventional methods for all three types of noise at low 

SNR levels, particularly for colored noise (street noise and 

car noise). It suffers little degradation at relatively high SNR 

levels, comparing to conventional methods. For frequency 

weighted segmental SNR measure, the proposed method 

also achieves obvious improvement over conventional 

method for all three types of noise, at low SNR levels. How-

ever, obvious degradation is observed at relatively high SNR 

levels for colored noise. The major reason for performance 

gain in low SNR environments is that the proposed HNM-

based method is able to eliminate residual noises, which can 

not be effectively suppressed by conventional methods. On 

the other hand, it is able to compensate the over-suppression 

caused by conventional methods at low SNR levels. Never-

theless, in relatively high SNR environments, the objective 

measures are more sensitive to the variability between the 

clean and re-synthesized speech signals. Consequently, the 

penalty on variability cancels out the potential gain obtained 

by better noise suppression ability. Practically a toggle may 

be placed so that HNM processing is enabled when esti-

mated noise is aggressive. Otherwise, pre-cleaning is suffi-

cient. Figure 6 demonstrates the effectiveness of the pro-

posed method in retrieving damaged speech structure. It is 

observed from the spectrograms that substantial improve-

ment has been made to restore the harmonic structure using 

the proposed method. At the same time, residual noises such 

as musical tones are greatly mitigated.   

5. CONCLUSION 

In this work, a complete analysis-synthesis framework for 

speech enhancement in different noise conditions is intro-

duced. Improved HNM modelling, which includes estima-

tion techniques for better tracking the pitch contours, post-

processing technique for restoring missing harmonics are 

proposed. Choice of different HNM parameters is discussed. 

Simulation results, in terms of frequency weighted segmen-

tal SNR and PESQ score, have shown that the improved 

HNM-based speech enhancement system achieves consider-

able improvement over conventional methods in low SNR 

environments.  
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Figure 5 - Comparison of frequency weighted segmental SNR in different noise and SNR settings 

Figure 6 - Comparison of spectrograms of a male speech segment at input SNR level of 5dB 
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Figure 4 - Comparison of PESQ scores in different noise and SNR settings 
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