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Abstract: This research suggests an efficient idea that is better suited for speech processing applications for retrieving 

the accurate pitch from speech signal in noisy conditions. For this objective, we present a fundamental frequency 

extraction algorithm and that is tolerant to the non-stationary changes of the amplitude and frequency of the input signal. 

Moreover, we use an accumulated power spectrum instead of power spectrum, which uses the shorter sub-frames of the 

input signal to reduce the noise characteristics of the speech signals. To increase the accuracy of the fundamental 

frequency extraction we have concentrated on maintaining the speech harmonics in their original state and suppressing 

the noise elements involved in the noisy speech signal. The two stages that make up the suggested fundamental 

frequency extraction approach are producing the accumulated power spectrum of the speech signal and weighting it 

with the average magnitude difference function. As per the experiment results, the proposed technique appears to be 

better in noisy situations than other existing state-of-the-art methods such as Weighted Autocorrelation Function (WAF), 

PEFAC, and BaNa. 

 

Index Terms: Accumulated Power Spectrum, Fundamental Frequency Extraction, Power Spectrum, Weighted 

Autocorrelation. 

 

 

1.  Introduction 

Extracting fundamental frequency also known as pitch has numerous uses in fields related to speech and plays a 

significant role in speech processing. A pitch extraction technique resistant to random noise is critical for the 

functioning of speech processing systems which include voice encoding, recognizing speaker, emotion detection, 

speech synthesis, text to speech conversion, gender identification, speaker verification and voice morphing. For speech 

separation, pitch is a robust feature with invariant properties [1]. In speech enhancement, the pitch extraction of noisy 
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signals are much difficult for speech’s unstable features [2]. Due to this, numerous techniques for determining the 

fundamental frequency of speech signals have been developed [3-6]. However, in real world noisy circumstances, we 

must extract the fundamental frequency of speech signals, and an enhanced efficiency in noisy conditions is still 

expected. Unfortunately, fundamental frequency extraction in noisy situations, especially when the SNR level is low, 

lacks sufficient trustworthy and precise methods. Pitch extraction methods have previously been relied on speech 

signals characteristics like the periodic pattern within the time domain or the harmonic structure within the frequency 

domain. 

In the time domain, various pitch extraction algorithms are employed in speech signal, like Autocorrelation 

function (ACF), Average magnitude difference function (AMDF), Average squared mean difference Function, 

Weighted autocorrelation function (WAF) and YIN [7-12]. Autocorrelation function (ACF) is that the most extensively 

utilized technique of pitch extraction which measures the similarity between two segments of a speech signal and finds 

the amount that provides the closest distance. This measurement of correlation between various delays of the input 

speech is completed by using ACF. Another correlation between various delays of the input speech is AMDF, which 

computes a symptom by computing the absolute value of the space among the lagged and current speech signal. Deep 

nulls appear at integral multiples of the pitch period of voiced sounds within the resulting value. The inverse of an 

AMDF is employed to weight an ACF in the WAF. Leading to that WAF is very effective to suppress noise. The YIN 

method improves the accuracy of the ACF by employing a function which calculates the differences of cumulative 

mean normalized squares of the speech signal. It also uses the post processing techniques. ACF-based pitch extraction 

techniques work well in noise and unaffected by phase distortion in waveform. On the opposite side, the effectiveness 

of ACF-based algorithms for pitch extraction is mostly reduced when the clean speech is masked by noise. The 

characteristics of the vocal tract also have an impact on the ACF. 

In the frequency domain, numerous pitch extraction approaches are developed to cut back the vocal tract effect. 

One of the foremost prominent ways is that the cepstrum (CEP) method [13, 14]. The CEP is produced by performing 

an inverse Fourier transform on the log-amplitude spectrum. CEP uses the logarithmic function within the speech signal 

to isolate the periodic portions out from the vocal tract properties. During a noiseless environment, the CEP performs 

well, but in a very noisy one, the CEP’s performance suffers greatly. Improved versions of the modified CEP (MCEP) 

and also the ACF of the log spectrum (ACLOS) were designed to handle this issue [15, 16]. In the frequency domain, a 

filter bank technique is also employed [17]. The windowless ACF (WLACF) based CEP (WLACF-CEP) makes use of 

both WLACF and CEP features [18]. The WLACF is efficient in reducing the noise effect from a speech signal without 

changing its periodicity. Within the WLACF-CEP the noise affect is curtailed from a loud speech signal so as to 

combine it with the CEP to enhance pitch extraction accuracy. The WLACF-CEP is demonstrated to be resilient against 

various sorts of noise.[18] Two advanced techniques have recently been discussed [19, 20]. The PEFAC is a frequency 

domain pitch extraction approach that employs log frequency domain sub-harmonic summations [19, 21]. So as to 

enhance its noise robustness, the PEFAC uses an amplitude compression technique. The BaNa technique, takes under 

consideration noisy speech spikes and chooses the primary five spectral spikes within the speech signal’s amplitude 

spectrum [20]. Using an integrated pitch extraction algorithm the BaNa reliably extracts the pitch of the speech stream 

by calculating the fractions of the frequencies of the harmonic spikes with specified limit.  

There are also various pitch extracting algorithms relying on the Hidden Markov Model (HMM) which construct 

pitch tracks by measuring the hidden patterns from sightings [22]. The use of multiple characteristics, neurons, and 

network topologies in neural networks (NN) is another novel strategy for pitch extraction [23]. Another pitch estimator 

is proposed in which speech signals are decomposed into subbands by an acoustic filter bank based on the time-

frequency sparsity assumption [24]. Furthermore, the subband signals are encoded using an encoding model to get 

separate and trustworthy fundamental frequency assessments of potentially noisy and semi periodic voice sounds [25]. 

The standardized autocorrelation values of the captured subband signals are then used to select pitch estimates. But 

these methods are ineffective in real time scenario as they are time consuming, costly and based on complex post 

processing.  

In this article, we propose to utilize the accumulated power spectrum (APS) instead of power spectrum of noisy 

speech to extract the fundamental frequency [26]. The APS approach is superior to conventional ACF because it is very 

simple to suppress the noise components and delivers outstanding fundamental frequency extraction efficiency in noisy 

scenarios. In the proposed method, the APS is used instead of the power spectrum in the WAF method. However, the 

proposed method utilizes the accumulated power spectrum and weighting it with the average magnitude difference 

function to display distinct harmonics and highlights the pitch peak while reducing the noise elements present in noisy 

speech. 

2.  Accumulated Power Spectrum 

The time division component divides the framed speech signal y(j), 0 ≤ j ≤ L-1 into three subframes y1(j), y2(j-s) 

and y3(j-2s) as follows: 

 

𝑦1(𝑗) = 𝑦(𝑗), 0 ≤ 𝑗 ≤ 𝐿 − 1                                                                   (1) 
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𝑦2(𝑗 − 𝑠) = 𝑦(𝑗), 𝑆 ≤ 𝑗 ≤ 𝑆 + 𝑀 − 1                                                            (2) 

 

𝑦3(𝑗 − 2𝑠) = 𝑦(𝑗), 2𝑆 ≤ 𝑗 ≤ 2𝑆 + 𝑀 − 1                                                         (3) 

 

Here, the length of the subframe is represented by a number M. and S is a sample of the frame shift. Generally, it is 

preferred to set 2S+M-1 to be equal to L. Each power spectrum is determined as 𝑃1
𝑦(𝑖), 𝑃2

𝑦
(𝑖) and 𝑃3

𝑦
(𝑖) out of each 

subframe 𝑦𝑎(𝑛), 𝑎 = 1,2,3, … ,0 ≤ 𝑗 ≤ 𝑀 − 1. For each frequency bin, the three power spectra are added together as 

follows: 

 

𝑃1
𝑦(𝑖) = ∑ 𝑃𝑦,𝑗𝑗(𝑖)3

𝑎=1                                                                        (4) 

 

With the exception of the passband from 50[Hz] to 900[Hz], the collected power spectrum Py(i) undergoes band 

pass filtering by forcing to zeros. The IFFT then performs an inverse Fourier transformation on the filtered power 

spectrum, resulting the APS which will be used in our proposed method. Fig. 1 shows a simplified representation of the 

APS technique. 

 

 

Fig.1. Visual representation of APS. 

3.  Materials and Methods 

As demonstrated in Fig. 2, we present a novel method in this study for noise-resilient fundamental frequency 

extraction.  

 

 

Fig.2. Block diagram of proposed method 

Here we use the accumulated power spectrum based weighted autocorrelation function, where the ACF is replaced 

with APS. The weighted autocorrelation function is represented as: 
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𝜁(𝑧)  =  𝛼(𝑧) 𝛿(𝑧)  +  𝑘                                                                          (5) 

 

Where, 𝛼(𝑧)  = the APS; 𝛿(𝑧)  = the AMDF and 𝑘  = a fixed number. The AMDF shares same properties as the 

autocorrelation function. The AMDF results in a notch, whereas the autocorrelation function gives a peak. However, the 

periodicity of both functions is practically the same. This technique makes use of the fact that, the noise portions of the 

autocorrelation function and AMDF respond separately in a noisy environment. The autocorrelation function's peak is 

highlighted when paired with the inversed AMDF in a noisy environment because of these uncorrelated properties. This 

concept led to the development of the weighted autocorrelation function for pitch detecting, which addresses the 

challenge of detecting the pitch from noisy speech signal. The accumulation-based pitch detection approaches use 

power spectra and ACFs from shorter subframes and a filter bank, respectively. They are adept to suppress noise 

elements while maintaining voice harmonics. As the ACF is improved to the APS method, which employs shorter 

subframes, it becomes noise-resistant even in circumstances with high noise levels. 

Fig. 3 demonstrates that the frequent use of time division processing in the APS technique contributes to noise 

reduction, particularly in low SNR circumstances. 

 

 

Fig.3. Effect of APS and ACF on noisy speech. 

From fig. 4, we can observe that the second largest peak in traditional WAF may occur at 𝑧 <  𝑇 or 𝑇 <  𝑧 ≤  2𝑇 

or elsewhere as noise increases. As a result, at low SNRs, WAF cannot be utilized to determine the pitch duration 

accurately. But in the proposed method while computing the WAF, APS is deployed to the noisy speech signal instead 

of ACF to mitigate the impact of noise. Pitch extraction accuracy is improved by the proposed way over the traditional 

WAF methodology. 

 

 

Fig.4. Waveform of WAF and Proposed method 
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4.  Results and Discussion 

4.1.  Experimental Details 

For experiments KEELE [27] database and NTT [28] database were used.  KEELE database contains ten English 

speaker’s speeches having duration of 6 [m] and sampling rate of 16 [KHz]. NTT database contains eight Japanese 

speaker’s speeches having duration of 10 seconds each with 10 [kHz] sampling rate and 3.4 [kHz] band restriction. This 

research suggests an efficient idea that is better suited for speech processing applications for retrieving the accurate 

pitch from speech signal in noisy conditions. White Gaussian noise, Train noise, HF Channel noise, and Babble noise 

was added to each speech signal. Also, we used SNR levels from -5 to 20 [dB] and the additional experimental 

parameters such as frame length, window function, and DFT (IDFT) points are 50 [ms], rectangular, and 2048 except 

PEFAC and BaNa. On the other hand, frame shift is 10 [ms]. 

4.2.  Evaluation Criteria 

Here, the effectiveness of the suggested approach is evaluated by determining the error rate in accordance with 

Rabinar's rule [3] as follows: 

 

𝐸r(𝑧)  =  𝐹𝑒𝑠𝑡(𝑧)  − 𝐹𝑡𝑟𝑢𝑒(𝑧)                                                                   (6) 

 

Where, 𝑧 is the frame number, 𝐹𝑒𝑠𝑡(𝑧) is the extracted fundamental frequency of the 𝑧−th frame and 𝐹𝑡𝑟𝑢𝑒(𝑧) is the 

true fundamental frequency of the 𝑧−th frame. If |𝑒(𝑧)|  > 10% of the 𝐹𝑡𝑟𝑢𝑒(𝑧), then the error was identified as Gross 

Pitch Error (GPE) and the percentage of this error was determined throughout the entire voiced frames in the speech 

data. For the fundamental frequency extraction, we solely recognized and evaluated voiced elements of sentences. To 

extract the fundamental frequency, we utilized the search range of 𝑓𝑚𝑖𝑛  = 50Hz and 𝑓𝑚𝑎𝑥  = 400Hz, this range 

represents the most common range of a human’s fundamental frequency. 

4.3.  Performance Comparison and Result Discussion 

The effectiveness of pitch extraction in noisy situations was assessed between the proposed method (PROP) and 

the conventional methods (WAF, PEFAC, and BaNa). Here, we consider four forms of noise, namely white, babble, 

train, and HF channel noises. With the exception of length of the frame, window function and quantity of DFT(IDFT) 

points for PEFAC and BaNa, all the factors of the existing techniques were identical to those of the proposed technique. 

Hamming window function was used in both BaNa and PEFAC. The frame duration for BaNa was configured to 60 

[ms], and 216 points were used for the DFT (IDFT) points. The source code of BaNa was implemented in this 

environment which is ideal for BaNa [20, 29]. For PEFAC, Hamming window function and 90 [ms] was utilized as the 

window function and frame length respectively. The source code uses 213 as the value for the DFT (IDFT) points. The 

source code of PEFAC was implemented in this environment which is ideal for BaNa [19, 30]. 

 

  

  

Fig.5. In different noises, the average gross pitch error rate (GPE) for the KEELE database
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Fig.6. In different noises, the average fine pitch error rate (FPE) for the KEELE database 

  

  

Fig.7. In different noises, the average gross pitch error rate (GPE) for the NTT database 

Fig. 5 and Fig. 7 displays the average GPE rate in KEELE database with various types of noise. Fig. 6 and Fig. 8 

shows the average fine pitch error (FPE) in KEELE database in different noises. 

According to Fig. 5 and Fig. 7, the suggested approach (PROP) provides the lowest average GPE rate of all the 

techniques under comparison at practically all SNRs for white noise, train noise, and HF channel noise. BaNa offers the 

reduced gross pitch error rate in HF channel noise at low SNR (-5 [dB]). In babble noise at low SNRs less than 10 [dB]  

BaNa outperforms other approaches. The proposed approach (PROP), on the other hand, offers a decreased gross 

pitch error rate at high SNRs. The true peak is significantly impacted by the noise peaks at low SNRs with babble noise. 

Peak extraction becomes challenging as a result. BaNa benefits in this situation by choosing the first five spectral peaks 

and relies on a highly effective post-processing on the noisy speech spectrum to select the more correct pitch 

information.



Fundamental Frequency Extraction by Utilizing Accumulated Power Spectrum based Weighted  

Autocorrelation Function in Noisy Speech 

58                                                                                                                                                                       Volume 16 (2024), Issue 3 

  

  

Fig.8. In different noises, the average fine pitch error rate (FPE) for the NTT database 

From Fig. 6 and Fig. 8, we observed that the range of FPE from 1.8 [Hz] to 5.6 [Hz], where FPE represents the 

degree of fluctuation in pitch detection. We have also investigated that the proposed and WAF methods are more 

reasonable than PEFAC and BaNa in the case of FPE. On the other hand, innovative methods (PEFAC and BaNa) 

provide the higher FPE than that of proposed and WAF methods at almost all SNRs in all noise cases. 

4.4.  Computational Time 

Table 1 presents the computational time per second of speech for all methods in KEELE database. For generating 

the processing time, we have used all methods with 11th Gen Intel(R) Core (TM) i5-1135G7, CPU clock speed is 

2.40GHz and memory is 8 (GB). Also, in order to calculate the processing time for accurate measurement, we took five 

trials for each approach into account. The processing time of proposed method is highly competitive with WAF and 

PEFAC methods. The PEFAC method is slightly improved due to the use of log frequency domain, which is highly 

affected by noise. As a result of using a big FFT size, BaNa, on the other hand, uses a high processing time. 

Table 1. Processing time per second of speech 

BaNa PEFAC WAF Prop. 

32.12 2.53 4.96 4.93 

5.  Conclusions 

The Fundamental frequency extraction is an unavoidable task for speech signal processing functionalities which 

becomes challenging by being corrupted with noise in real world. The proposed method does better in separating noise 

from the waveform than other methods, especially in Gaussian white noise and train noise. For this characteristic it 

achieves less average GPE rate than other methods without any complicated post-processing. It also can overcome the 

vocal tract effect efficiently by making unnecessary ripples from the waveform equalized. 
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