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Abstract—Reverberation is one of the effects that occur 

regularly in closed room due to multiple reflections. This 

paper investigates the result of reverberation on both male 

and female speech signals. This effect is reflected in pitch 

frequency of speech signals. This parameter is important as 

it is usually used for speaker identification. Hence, several 

methods for pitch frequency estimation are investigated and 

compared on clear and reverberant male and female speech 

signals to select the one that is not affected so much by the 

reverberation effect. 

Keywords—Reverberation,pitch frequency. 

I. INTRODUCTION  

Reverberation is the survival of the sound after removing 

it [1]. The sound in the closed room will be reflected from 

surfaces. These reflections mix with each other for 

creating the phenomenon of reverberation, these 

reverberations are reduced as sound hit absorbent surface. 

The reverberation impulse response can be fractionated to 

echoes and late reverberation, these echoes (early 

reflections) depends on enclosure’s size and also position 

of source and reception, those arriving after the direct 

sound about 50 to 80 msec [2]. Reverberation has an 

effect on the perceptibility of sound in an enclosure, 

especially if the reverberation time is impressively long, 

where RT is the time the sound pressure spends to 

minimize its level by 60 db. This is because the sound 

heard by person is a mixture of direct sound and time-

delayed reflections [3]. Too much reverberation has a 

negative effect on the intelligibility of speech as 

reverberation deviates harmonic structure in voiced 

signals so, this impact increase the greatness of hearing 

deterioration. 

Pitch or fundamental frequency (𝐹0 ) is an important 

parameter that characterizes the speech signal. It transfers 

multiple characteristics of the information transmitted by 

speech signal [4], so the pitch is the auditory quality of 

sound; it is a perceived fundamental frequency of sound. 

Pitch can be objectively characterized as the rate of 

vibration of the acoustic folds, so the pitch strength of 

voiced signal parts is an indicator of the level of 

reverberation [5]. 

The systematization of this paper is as follows; 

Reverberation model is illustrated in section II. Pitch 

frequency estimation algorithms will be demonstrated in 

section III. Results will be produced in section VI. Finally, 

the conclusions will be introduced in Section V. 

II. Reverberation Model as a comb filter 

In closed room, sound is reflected of all of the walls. The 

reverberation phenomena can be reduplicated by 
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bolstering back the output through a postpone component 

and added with the input. 

A. Comb filter structure 

Comb filter is the traditional reverberator that can be 

generated when a signal is time postponed and added 

back to itself. Some frequencies will be declined and 

others will be reinforced, which can radically change 

the sound tonal shade. Comb filter structure is shown 

in Fig.1, Fig. 2 shows the magnitude response of 

comb filter and Fig. 3 shows the comb filter response 

that provides exponentially decaying impulse 

sequence. This decay time ("reverberation time") is 

used to define the gain of the feedback loop; the 

reflection density depends on the length of the delay 

line [6]. This paper investigates an artificial 

reverberation based in MTF formula that can be 

created by convolving the input signal with specific 

impulse response of an acoustic space, this achieves 

an acceptable  reverberation.  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Comb filter has a postpone D with a feedback of gain a, 

and as in Fig.3 the impulse response of comb filter has the 

same shape of the impulse response of a reverberation that 

can be partitioned into: the early reflexions and the late 

reverberation. 

 

B. Comb Filter Equations 

The output of the comb filter: 
y n = x n + ay[n − D] (1) 

The transfer functions of comb filter: 

H z =
Y z 

X z 
=

1

1−az−D   (2) 

C. Reverberation Model Equation (MTF) 

Convolve the input signal with impulse response of an 

acoustic space that represents how digital sample will 

behave in the acoustic space will create artificial 

reverberation. 

The reverberant signal can be explained as shown in (3) 

and (4) represents the room impulse response of the 

closed room. 
𝑦 𝑡 = 𝑥 𝑡 ∗ (𝑡)(3) 

 𝑡 = 𝑞𝑒𝑥𝑝  −
6.9𝑡

𝑇𝑅
 𝑛(𝑡)(4) 

where: 𝑦 𝑡  points to resulting reverberant signal, 𝑥 𝑡  
represents the original signal, 𝑛 𝑡 is white noise carrier, 

 𝑡  is a stochastic (randomly) approximation of RIR, i.e., 

synthetic reverberant impulse response, 𝑇𝑅  is the 

reverberation time, 𝑞 is the amplitude of the speech signal 

[7]. 

III. PITCH FREQUENCY ESTIMATION 

Pitch estimation points to evaluate the fundamental 
frequency 𝑭𝟎for speech segments, Pitch is the quality that 
judgment sounds as "higher" and "lower" in the sense 
related with musical melodies. Many papers evaluate the 
pitch frequency of speech signal, using many algorithms 
but this paper will use Normalized Correlation Function 
(NCF), Cepstrum Pitch Determination (CEP), Summation 
of Residual Harmonics (SRH)  andPitch Estimation Filter 
(PEF) 

A. Normalized Correlation Function (NCF) 

NFC is used to reveal the highest value of autocorrelation 

function of the specified speech signal [8]. NCF is 

estimated by: 

𝑅 𝑚 =
1

𝑁

 𝑥 𝑛 𝑁−1−𝑚
𝑛=0 .𝑥 𝑛+𝑚 

  𝑥2(𝑛). 𝑥2(𝑛+𝑚)𝑁−1−𝑚
𝑛=0

𝑁−1−𝑚
𝑛=0

, 0 ≤ 𝑚 < 𝑀0 (5)                          

where N represents length of tested range and 𝑀0points 

tothe evaluated autocorrelation points, m is the delay; 

pitch is the value of m which leads to the superior R (m). 

B. Cepstrum Pitch Determination (CEP) 

CEP is based on Cepstral signal analysis to find the pitch 

of signal. Cepstral coefficients are calculated as shown 

in(6)[9]: 
𝑐 𝜏 = 𝐹−1 log( 𝐹 𝑥[𝑛]  2 (6) 

where 𝐹−1 denotes the inverse Fourier transform and x[n] 

is the discrete signal and  𝐹{𝑥[𝑛]} 2 is the power spectrum 

estimatedof the signal. 

Symbol 𝜏is the frequency and the magnitude of c (τ) is 

called the magnitude.A peak in the Cepstrum denotes that 

the signal is a linear combination of multiples of the pitch 

frequency. The pitch period can be calculated as the 

number of the coefficient where the peak occurs and the 

peak is located at the period of the fundamental frequency 

CEP block diagram is shown in fig.4. 
 

Fig.1: Comb filter structure. 

Fig. 3: Impulse response of comb filter. 

Fig. 2: Magnitude response of comb filter. 
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Fig. 6: Reverberation effect on male speech. 
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C. Summation of Residual Harmonics (SRH)                                    

SRH is based on the harmonicsin the residual signal 

spectrum by using harmonicssummation to detect the 

fundamental frequency.  

 Firstly estimation of the spectral envelope from 

S(t). 

 Secondly the residual signal e(t) is obtained 

using inverse filtering. 

As Hamming window frame covering several cycles of 

the resulting residual signal e (t) the amplitude spectrum 

𝐸 𝑓  has flat envelope and presents peaks of fundamental 

frequency at harmonics. For each frequency of 

range  𝐹0,𝑚𝑖𝑛  ,𝐹0,𝑚𝑎𝑥  , the Summation of Residual 

Harmonics (SRH) is computed as following [10]: 

𝑆𝑅𝐻 𝑓 = 𝐸 𝑓 +   𝐸 𝑘. 𝑓 − 𝐸( 𝑘 − 1
2  .𝑓) 

𝑁𝑎𝑟𝑚
𝑘=2 (7)  

This expression gets maximum at 𝑓 = 𝐹0 this is true for 

harmonics present in range 𝐹0,𝑚𝑖𝑛  ,𝐹0,𝑚𝑎𝑥  . 

For this reason subtraction by 𝐸( 𝑘 − 1
2  .𝑓)  allows 

reducing the importance of SRH at even harmonics. The 

estimated pitch value 𝐹0
∗ is thus the SRH (F) at that time. 

D. Pitch estimation filter (PEF)                                                            

PEF based on using comb-filter to calculate a weighted 

sum of harmonic amplitude in linear frequency domain, 

comb filter essential frequency initially unknown must 

match the pitch. The essential frequency of each frame is 

evaluated by convolving frame’s power spectral density in 

the log frequency domain with the filter which sums the 

energy of the pitch harmonics while neglecting additive 

noise. 

In the power spectral density domain,the signal at time t is 

[11]: 

𝑌𝑡 𝑓 =  𝑎𝑘 ,𝑡𝛿 𝑓 − 𝑘𝑓0 
𝑘
𝑘=1 + 𝑁𝑡 𝑓 (8) 

where 𝑁𝑡 𝑓 is the unwanted noise power spectral 

density, 𝑎𝑘 ,𝑡 represents power of 𝑘𝑡 harmonics. In log 

frequency domain the signal model is: 

  𝑌𝑡 𝑞 =  𝑎𝑘 ,𝑡𝛿(𝑞 − 𝑙𝑜𝑔𝑘 − 𝑙𝑜𝑔𝑓0
𝑘
𝑘=1 ) + 𝑁𝑡 𝑞 ; 𝑞 = 𝑙𝑜𝑔𝑓(9)                                                         

Impulse response of the filter is   𝑞 =  𝛿(𝑞 − 𝑙𝑜𝑔𝑘)𝑘
𝑘=1   

and this is convolved with  𝑌𝑡 𝑞 , this convolution includes 

a peak at 𝑞0 = 𝑙𝑜𝑔𝐹0. 

IV. RESULTS AND DISCUSSION  

In this section the reverberation effect is studied for 

two speech signals, one for female speech signal and 

the other for male speech signal at a reverberation 

time of .5 sec ,The speech signals is sampled at 

frequency 10KHZ , time is taken for (0:5) sec, 

amplitude is 5.The Matlab R2018a program is used 

for simulation. The first investigation concerns in 

effect of reverberation on the male and female 

speech, and then simulation of pitch frequency with 

different algorithms. 

 

A. Reverberation effect 

 

Fig. 5 and 6 shows the effect of reverberation on female 

speech signal and male speech signal respectively.  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

It is seen that reverberation spread speech energy and so 

reduce the information of the speech signal that reaches 

human ears. 
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Fig. 4: CEP Block Diagram. 

Fig. 5: Reverberation effect on female speech. 
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B. Pitch estimation 

 

 

 

 

 

 

 

 

 

 

 
 

Table 1: Mean square error of pitch estimation technique. 

Algorithm 
MSE 

Female Male 

NCF 0.0397 50.5542 

CEP 89.8790 48.7143 

SRH 138.2219 1.4477 

PEF 0.0136 0.0197 
 

From Fig.7 and Table 1 that represents Mean Square 

Error of pitch estimation techniques, it is seen that 

PEF algorithm is the best for pitch frequency detection 

for male and female speech signals in reverberation. 

V. CONCLUSION  

Reverberation affects the structure of audio signal; hence 

affects its pitch frequency. With reverberation effect all 

pitch frequency estimation algorithms have been 

investigated. From theobtained results, it is clear that 

sensitivity of the PEF method is the least with 

reverberation.In addition, the error in pitch frequency 

estimation for females is larger than that with males. So, 

some sort of compensation for the pitch frequency error is 

needed for applications such as speaker identification. 
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Fig.7: Mean square error of pitch estimation technique. 
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