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Abstract—In this paper we present the short time cepstrum 

analysis method for pitch estimation of an arbitrary speech 

signal. We use MATLAB simulating software for our analysis 

purpose. The speech signal whose pitch is to be estimated is 

imported into the MATLAB SPTool box in .wav format. The 

sampled speech signal is further sliced to reduce its duration 

for pitch estimation. Pitch estimation of speech signal is useful 

for speech modeling, speech enhancement, speech synthesis, 
speech coding and various other application of speech signal 

processing.  
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I. INTRODUCTION 

Speech is a mixture of voiced and unvoiced types of 

sounds. The voiced sounds are quasi-periodic in nature and 

are produced when we speak vowels and some of the 

consonants. The unvoiced sounds are non periodic in nature 

and are produced when we speak other consonants. The 

voiced sounds have fundamental frequency which depends 
upon the vibration of the vocal cord of a person during the 

production of voiced sounds [1, 2].  

Many pitch detection algorithms are available in the 

literature. Mostly these are divided into two groups: block 

based and event based [3]. In block based pitch estimation, the 

speech signal is sliced into small segments and it is assumed 

that pitch remains constant during these small segments of the 

speech [4]. Event based pitch detection methods are based on 

pitch marking or epoch detection. Since no assumption of 

constant pitch over several pitch cycles is made, event based 

pitch estimators are able to track fast changes in the pitch even 
during the segments [5]. Block based methods are more robust 

than event based methods but they neglect the variation in 

pitch that may exist within the segments. Block based 

methods do not give sufficiently accurate results required for 

speech processing applications that require pitch processing 

synchronization. Event based methods, on the other end, are 

more prone to errors since they rely on the shape of the speech 

wave form [6].  

In this paper we present the very fundamental method of 

cepstrum analysis for pitch estimation which was also 

proposed by Noll [7]. Section II, of this paper describes about 

the pitch and cepstrum.  Section III describes the procedure of 

importing speech signal into MATLAB workspace and then 

cepstrum analysis. Results are formulated in section IV and 

concluded in section V.  

II. THEORY OF PITCH AND CEPSTRUM 

A. Pitch 

The pitch is a subjective attribute of the speech and is 
related to the fundamental frequency of the voiced speech 

signal. The relation between frequency and pitch is shown in 

Fig. 1. For fundamental frequency f Hz, it is measured in mels 

and is approximated by the relation given in (1) [1]. 

 Pitch in mels = 1127 loge (1 + f/700) (1) 

Pitch plays an important role in speech processing, 

especially in voice recognition, speech synthesis, speech 

modeling, speech coding, and speech enhancement.  

 

Figure 1 Relation between pitch and frequency 

B.  Cepstrum 

The cepstrum is defined to be the inverse Fourier 

Transform of the log magnitude spectrum of a signal [8]. The 

cepstrum of a given signal X(ejω) is given by: 
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𝑐[𝑛] =  
1

2𝜋
∫ 𝑙𝑜𝑔│𝑋(𝑒𝑗𝜔𝜋

−𝜋
)│𝑒𝑗𝜔𝑛𝑑𝜔 (2) 

Where log│X(ejω)│ is the logarithm of the magnitude of 

the DTFT of the given signal. The complex cepstrum of the 

signal is given by:  

𝑥[𝑛] =  
1

2𝜋
∫  log {�̂�(𝑒𝑗𝜔𝜋

−𝜋
)}𝑒𝑗𝜔𝑛𝑑𝜔 (3) 

Where log {�̂�(𝑒𝑗𝜔)} is the complex logarithm of 𝑋(𝑒𝑗𝜔) 
and is defined as: 

�̂�(𝑒𝑗𝜔) = log{𝑋(𝑒𝑗𝜔)} = 𝑙𝑜𝑔|𝑋(𝑒𝑗𝜔)| +  𝑗𝑎𝑟𝑔[𝑋(𝑒𝑗𝜔)] (4) 

Speech is a type of signal whose properties changes very 

frequently. Due to this the processing of speech signal is done 
on segments of short duration. This requires replacement of 

DTFT into STFT (short time Fourier transform) of cepstrum, 

which is given by: 

𝑐�̂�[𝑚] =  
1

2𝜋
∫ log │𝑋�̂�(𝑒𝑗�̂�𝜋

−𝜋
)│𝑒𝑗�̂�𝑚𝑑�̂� (5) 

Where𝑋�̂�(𝑒𝑗�̂�) is the STFT given by: 

𝑋�̂�(𝑒𝑗�̂�) =  ∑ 𝑥[𝑚] 𝑤∞
𝑚=−∞ [�̂� −  𝑚]𝑒−𝑗�̂�𝑚 (6) 

Where W[�̂� −  𝑚] is the sliding window function. Short 
time complex cepstrum can similarly be defined by: 

𝑥�̂�[𝑚] =  
1

2𝜋
∫ log {𝑋�̂�(𝑒𝑗�̂�𝜋

−𝜋
)}𝑒𝑗�̂�𝑛𝑑�̂� (7) 

C.  Computation of the Cepstrum Using DFT 

The cepstrum can be computed using DFT analysis, z-

transform analysis or the recursive analysis. Here, we have 

used DFT analysis which is described below: 

DFT is the sampled version of the DTFT of a finite length 

sequence, 𝑋(𝑘) =  𝑋(𝑒
𝑗2𝜋𝑘

𝑁 ) [9]. Using DFT, complex 

cepstrum can be computed with the help of following 

equations: 

𝑋[𝑘] =  ∑ 𝑥[𝑛]𝑒−𝑗(
2𝜋𝑘

𝑁
)𝑛𝑁−1

𝑛=0   (8) 

�̂�[𝑘] =  𝑙𝑜𝑔│𝑋[𝑘] +  𝑗 arg {𝑋[𝑘]} (9) 

𝑥[𝑛] =  
1

𝑁
∑ �̂�[𝑘]𝑒

𝑗(
2𝜋𝑘

𝑁
)𝑛𝑁−1

𝑘=0 , Inverse DFT (10) 

III. CEPSTRUM ANALYSIS PROCEDURE 

The procedure to estimate the pitch using cepstrum 

analysis through MATLAB is explained below [10]: 

  Import the .wav format of the speech signal whose 
pitch is to be estimated into the workspace. Let us 

name it as mv (for male voice) or fv (for female voice). 
Set the sampling frequency fs = 8000 Hz. This is saved 
in the workspace in the form of column vector whose 
size depends upon the sampling frequency and the 
duration of the .wav file. 

  Slice down the above imported signal to 1 second 
duration using command mv1s = mv(40001:48000). 
This will retain the speech file from 6th to 7th second 
duration. To avoid initial pauses or noises, we have 
chosen intermediate portion of the speech signal. 

  Speech signal has to be analysed for short duration 
only since its properties changes very frequently. We 
convert the 1 sec sliced signal into 15 segments of 50 
millisecond each by moving the window in steps of 
12.5 ms, i.e. 100 samples at a sampling rate of 8000 
samples/sec. Let us name these segments mv1s_1 to 
mv1s_15 for male voice and fv1s_1 to fv1s_15 for 
female voice. We use command mv1s_1 = 
mv1s(1:400); mv1s_2 = mv1s(101:500); and so on 
upto 15th segment as mv1s_15 = mv1s(1901:2300).   

  Convert these segments into cepstrum using command 
cepmv1s_1 = cceps(mv1s_1), for respective segments.  

  Import these cepstrum segments into the signal 
processing tool, SPTool, box of MATLAB. Fig. 2 
shows the SPTool box window. 

 

Figure 2 SPTool box browser window 

 For each segment of the cepstrum, obtain time versus 
amplitude graph of short time cepstra from the signal 
window by selecting respective segment and clicking 
view. Graph for segment 1 is shown in Fig. 3. 

  Create spectrum for each segment using spectra 
window of the SPTool. Obtain STFT for each segment. 
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Figure 4 shows FFT spectrum for segment 1. We have 
used number of samples N = 1024 for spectrum view. 

  For pitch estimation set all the graphs of cepstrum 
spectrum one above the other in sequence. Likewise set 
all the graphs of cepstrum one above the other in 
sequence as shown in Fig. 5. 

 

Figure 3 Short time cepstra of segment 1 

 
 

Figure 4 Spectrum of segment 1 

IV. OUTCOMES AND RESULTS 

From Fig. 5 we analyse that spectrum for segments 1 

through 5 are non periodic and thus it is unvoiced portion of 
the speech sample. Spectrum for segment 6 and 7 seems to be 

partly voiced and partly unvoiced. Spectrum of segments 8 

through 15 are of voiced portion of the sample speech. F1, F2 

and F3 are marked as three formant frequencies of the sample 

speech. 

On the right side of Fig. 5 we can see peaks between 11 – 

12 ms. These peak points give accurate estimate of the pitch 

of the arbitrary speech sample. 

V. CONCLUSION 

In this paper we have exploited the MATLAB SPTool for 

accurate estimation of the arbitrary sample speech signal. We 
have used the fundamental cepstrum analysis method as 

described in [7] by Noll. The pitch estimation is useful for 

various speech processing such as speech synthesis, speech 

coding, speech enhancement and speech compression. 

 

 

Figure 5 Display of (a) short time log spectra of 15 segments and (b) the 
corresponding short time cepstra  
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