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ABSTRACT 

 

In this article, unwanted transitory assessment is specified by averaging previous phantom power 

standards and through a levelling stricture that is in step by the symbol existence likelihood in sub-bands. 

A two threshold based min-max method is proposed that we compare with the recursive averaging (RA) 

approach for unwanted transient assessment with SAL (spectral amplitude with logarithm assessment) in 

voice signal enrichment .The SAL procedure includes a transient assessment and the unwanted transient 

PSDs in virtual stationary form, and enrichment of voice signal. It is proficient of tracing the incoming 

signal rapid variations in spectra and supports to assessment of PSD for transients effectively. The 

unwanted transient assessment is much efficient by proposed method as compared to SAL method and RA 

in terms of the voice signal power to noise ratio (SNR). And finally by simulation modelling we show the 

results. 
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1. INTRODUCTION 

 

The plain constituent of a real-world voice signal improvement scheme is the unwanted transient 

power spectrum assessment. The most collective tactic is to normal the voice signal with noise 

over non-voice signal segments. Voice signal silence revealing is realised on a frame foundation 

[1] and also assessment independently for separate sub-bands via posteriori SNR [2-3]. 

Conversely, the recognition consistency harshly worsens for week voice signal constituents and 

small incoming signal SNR. Also, the range of presumable non-voice signal fragments of signal 

possibly will not be enough, which confines the tracing proficiency of the unwanted transient 

assessment in circumstance of changeable unwanted transient spectrum. Otherwise, histograms 

may also be used to assessment of unwanted transient power spectral realm [3]–[4]. Martin [5] 

has suggested an unwanted transient assessment algorithm centred on minutes measurements. 

The unwanted transient assessment is achieved from minima standards of a levelled power 

assessment of the unwanted transient signal, grown thru a reason that reimburses the bias. A 

computationally new competent minimum tracking pattern is accessible from [7]. Its main hitch 

is the sluggish update speed of the unwanted transient assessment for an abrupt rise in unwanted 

transient vigour level with its trend to abandon the voice signal [8]. The existing recursive 

averaging (RA) approach for unwanted transient assessment is specified by around standards of 

previous spectral power, spending a levelling factor that is accustomed via the voice signal 

existence likelihood in sub-bands. It shows the presence of voice signal in a certain structure of a 
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sub-group can be resulted by the quotient among the native vigour of the voice signal with 

unwanted transients with its minimum inside a definite time frame. The proportion is equated to a 

certain onset worth, where the smaller ratio specifies absenteeism of voice signal. After that a 

time-based smooth out is carried to lessen fluctuations amongst voice signal and no voice signal 

segments, so that exploiting a solid association of voice signal occurrence in adjacent frames. 

 

In the SAL procedure, to correct the unwanted transient PSD component, trace quicker PSD 

deviates and to keep the smooth components (mutually voice signal and circumstantial blare) 

seem such as “pseudo-stationary”. At that time, calculating the SAL assessment centred onPSD 

assessment of the flat constituents allows improving the transitory portion and suppressing the 

voiced signal and circumstantial noise. It usages small STFT structures which diminish the voice 

signal variation amongst successive time frames. It is eminent that the tradition of tiny spell 

structures weakens the regularity perseverance. In the realistic trials, a spell structure size of 64 

sections was exposed to be appropriate and returned good performance [17]. The subsequent 

unwanted transient assessment is calculation competent, stouten terms of input voice signal SNR 

in addition variety of principal additive unwanted transient and categorized with the capability to 

hastily track rapid fluctuations in the unwanted transient spectrum. 

 

The proposed method solves the transient problem in two ways .the min and max values of 

threshold for transient reduction. The min of the threshold value is computed by taking the one 

measurement in the forward and backward direction. In the similar way the max values are also 

computed and the transient are suppressed. The further paper is organized as. The second Sector 

covers the basic unwanted transient spectrum model with sector III the minima precise 

assessment for the voice signal presence model. In Sector IV, contain the SAL assessment 

procedure and the proposed method in section V and the deliberate trial results in VI section and 

finally segment VII concludes precisely. 

 

2. UNWANTED TRANSIENT SPECTRUM MODEL 

 

Let �(�) and �(�) represent voice signal and unallied additive unwanted transient signals, 

correspondingly, where� is a discrete time index. The perceived signal �(�), assumed by 

�(�)=�(�)+ �(�), is spread into overlying frames through the frame task and scrutinized via 

short-time FT (STFT).Specifically 

 

 
 

Where� represents the rate bin catalogue, � represents the spell structure key, be situated an 

analysis frame of size �, and � stands the frame fill in stage in time. Known two assumptions, 

	0(�,�) and 	1(�,�) indicate, respectively, the voice signal absence and existence in the �
th
 

structure of the �
th
 subgroup, it has 

 

 
 

Where, 
(�,�) and �(�,�) denote STFT of voiced clean and unwanted transient signals, 

respectively. Let, λ� (�,�) = 
[,|�(�,�)|
2
] denote the discrepancy of the unwanted transient in the 

��ℎ subgroup. And then a general technique to achieve unwanted transient assessment is to smear 
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a iterative levelling to the unwanted transient depth throughout periods of voice signal 

nonappearance. In individual, 

 

 
 

 
 

3. VOICE SIGNAL PRESENCE MODEL 

 

Voice signal existence in an indicated structure of a sub group is firmed by the fraction 

concerning the native vigour of the voice signal with unwanted transient and its least inside a 

stated time gap. Let the native vigour of the unwanted transiency voice signal be achieved by 

levelling, the square of magnitude of the aforementioned STFT in frequency and time. In 

frequency, it takes a frame task of length 2�+1 

 

 
 

To take in interval, the levelling is done through an iterative mean of firstly mandate, specified by 
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 4. SAL ALGORITHM 
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Fig. 1 Diagrammatic illustration of the SAL algorithm [15] 
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5. PROPOSED METHOD 

 

The proposed method is considering the multiple thresholds based for transient noise removal. It 

mainly provides the thresholds with adjustable values according to the coming frames. The 

transient noise is sudden changes in the coming sequence and hence it provides the adaptive 

nature for noise identification and it removal. The flowchart of the proposed algorithm is 

illustrated in fig. 2. It min max threshold calculation is the main part for noise detection. Then the 

noisy signal is replaced by the median of the considered window. The backward forward 

windows are taken for the min-max threshold calculation. 

 

 
 

Fig: 2 Flowchart of the proposed Algorithm 
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We find the min of the threshold value by taking the one measurement in the forward and 

backward direction. In the similar way the max values is also computed and the transient are 

suppressed. 

 

6. EXPERIMENTAL RESULT 

 

For the first phase of the transitory PSD assessment the STFT structures of size 64 with voice 

signal enhancement stage extended structures of extent 512 are used. For both the cases, 75% 

overlap between successive structures is used. The amounts of the voice signal and the variations 

are re-scrabbled to the identical leading amplitude standard. This offers a reasonable comparison 

amongst various voice signals and transients. Here the enactment of the SAL algorithm and RA 

approach is evaluated. The logged voice signal signals with various orators, in teamwork man and 

lady, with mean size of 3.0 s. We randomly add 3− 12 recorded transient. The RA unwanted 

transient assessment is combined with the modified spectral amplitude with logarithm (SAL) 

assessment [6] for finding a clean voice signal assessment in unwanted transitory environs. 

 
TABLE 1 Sectional SNR enhancement for various unwanted transient types and levels, obtained using the 

RA and SAL unwanted transient estimators 

 

 
 

The valuation is centred on an impartial enhancement in sectional SNR, a training of voice signal 

spectrograms and natural attending trials. There are various unwanted transient varieties, avail 

from Noise-x92 record [9], are coined in this assessment: white Gaussian unwanted transients, 

vehicle inside unwanted transients, and �16 battleground unwanted transients. Collectively voice 

signal is ruined by the several unwanted transients with sectional SNRs in 5-10 dB range. The 

sectional SNR is well-defined by [10] 
 

 
Where L represents the traditional structures those contain voice signal and its fundamentality. 

The rate by which sampling is done is 41000 samples per second. Table 1 indicate the mean 

sectional SNR enhancement obtained for several unwanted transient forms and on several 

unwanted transient levels. 

 

Fig3 illustrates the examples of speech signal acquired for investigation in (a) andAK−47 

unwanted transient in (b). The noisy signal with combination of both above is shown in (c) and 

the denoised signal is shown in fig 3 (d). 

 



International Journal of VLSI design & Communication Systems (VLSICS) Vol.7, No.3, June 2016 

9 

 
 

Fig. 3 (a) Original speech signal (b) Transient noise (c) Noisy signal as combination of both speech and 

transient noise, (d) De-noised signal through proposed method 

 

Under varying unwanted transient conditions, strong unwanted transient components are 

misleadingly measured as voice signal constituents. This produces an underestimated unwanted 

transient, resulting in excessive level of melodious lasting unwanted transient. Meanwhile, small 

SNR produce an overemphasized unwanted transient, because of weak voice signal constituents 

that are partly handled as unwanted transient components. 

 
Table 2 Voice signal assessment calculation for different transient interference 

 

 
 

Therefore, the SNR with weak voice signal components come to be straight poorer. This was 

established by a particular training of voice signal spectrograms and familiar listening trials. The 

updates of the SAL and RA assessments are précised by using the minima standards within a 

limited period frame. Hence, its reaction is not subtle with extent of unwanted transient 

variations. These algorithms are employed on voice signals tainted with 5 types of transients. The 

outcomes are valued using a joint impartial portion - the Sectional SNR (Sec. SNR) and concise 

in Table 2. It has been shown from result, the SAL unwanted transient assessment permits to 

defeat better transitory interventions and recovers greatly the Sec SNR of the voice signal as 

compared to RA unwanted transient assessment. We remark the size of the frame is empirically 

fixed to each variation of transitory to produce greatest performance; the obtained Sec SNR for 

individual diversity of transitory is sedate for different sizes of frames. Then, the interval that 

produces the maximal Sec SNR is fixed. The resolute extents of the frame structures are 
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prevailing in Table 2. Transient interferences of several varieties, intervals, and spectral 

structures are reduced willy-nilly of its locality nearby the voice signal and willy-nilly of the 

individual reciter. 

 

7. CONCLUSION 

 

Iterative mean is an ordinarily jumble-sale way for assessment of unwanted transient power 

spectrum. Nevertheless, computing a subjective mean centred on the rapid spectral extents of the 

ruined voice signal and assessment unwanted transients, both the methods use the levelling 

constraint in both time and the frequency in accordance with voice signal existence likelihood. 

The voice signal existence likelihood is manipulated through bare minimum standards of a 

levelled periodogram of the unwanted transient measurement. The proposed method shows 

approximately the 12-15 percent improvement in the Segmental SNR for the signals to be 

considered in the analysis .Equated to the RA unwanted transient assessment and the SAL 

assessment methods the response of the min-max method additionally rapid to unwanted transient 

deviations and, when assimilated into a voice signal enrichment scheme, yields good sectional 

SNR. The Implementation of the Algorithm is not considering the starting and final points in to 

the calculation. It can be enhanced in the future for up gradation of the method. 
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