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Efficient M ethod of Pitch Estimation for
Speech Signal Using MATLAB

G. Gandhimathi * & S. Jayakumar 2

'Department of Electronics and Communication Engineering, .
2School of Computing Science and Engineering, Periyar Manairtniversity, Vallam-613403

Abstract - In this paper, we are estimating the pitch of telephgpeech signal. We use different types of methods
such us, Burg, Covariance, Fast Fourier transform, Modifieda@ance, Multiple Signal Classification (MUSIC)
algorithm or Eigen vector, Multi Taper method (MTM), Mke and Yule Auto Regressive (Yule AR) , to estimate the
PSD using signal processing tool box of MATLAB. The speuotwas constructed and the pitch ,amplitude , and
slope of the speech signal were calculated and thdorpeance were analyzed.

I. INTRODUCTION A _
1.1 Speech Spectrum Analysis Po(f) = | XLUF)| 1)
XX -
Generally the human speech spectrum is less than fsL

4000Hz. According to Nyquist theory, the minimum \Where

sampling rate for speech should be 8000samples/second. . )

Due to our system is voice-controlled safety systeis; i x, (f) = L‘_}} x(n) e ? Tifnif (g
very helpful to analyze the speaker's voice before our =

actual design.

1.2.2 Parametric Method (PM
Our design is based on the recorder program (PM)

installed in Windows XP and FFT function in Parametric methods are those in which the PSD
MATLAB. After we speak one word, the recorder is estimated from a signal that is assumed to be output
program will store the word in a .wav file. Notice this of a linear system driven by white noise. Examples are
file is sampled at 16000 samples/second, 16bit/sample,the Yule-Walker autoregressive (AR) method and the
so we need to convert it into 8000samples/second, Burg method. These methods estimate the PSD by first
8hits/sample. estimating the parameters (coefficients) of the linear

. L system that hypothetically "generates” the signal
1.2 Power spectral Density (PSD) Estimation

. . Mathematical Model :
The various methods such us, Nonparametric

methods , Parametric methods, and Subspace method&ll AR methods [6] yield a PSD estimate given by
of spectrum estimation [1], available in the Signal A

Processing Toolbox €p
1.2.1 Non Parametric Method (NPM) Par (f) = 2WJRT
i) 1. -
Nonparametric methods are those in which the l1+X,_, aplkl e 5o
PSD is estimated directly from the signal itself. The
simplest such method is the periodogram. An improved 3)

version of the periodogram is Welch's method [2]. A

rTn;ggr mg?hegg(&qrn'\ﬁ;l[?]metnc technique is the Mult parameters ap(k) slightly differently, yielding different

’ PSD estimates . The Yule-Walker AR method produces
Mathematical Model: the same results as a maximum entropy estimator. The
Yule-Walker equations can be solved efficiently via
Levinson's algorithm, which takes advantage of the
Toeplitz structure of the autocorrelation matrix. The

The different AR methods estimate the AR

The periodogram estimate of the PSD of a length-L
signal X [n] is
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Burg method for AR spectral estimation is based on
minimizing the forward and backward prediction errors
while satisfying the Levinson-Durbin recursion [6] . The
Burg method avoids calculating the autocorrelation
function, and instead estimates the reflection
coefficients directly. The Covariance method for AR
spectral estimation is based on minimizing the
forward prediction error. The Modified covariance
method is based on minimizing the forward and
backward prediction errors.

1.2.3 Subspace methods (SM)

Subspace methods, also known as high-
resolution methods or super-resolution methods,
generate frequency component estimates for a signal
based on an eigen analysis or eigen decomposition of
the correlation matrix [3] . Examples are the Multiple
Signal Classification (MUSIC) method and the Eigen
Vector (EV) method.

Mathematical Model :

A
Pmusjc (f)

1
e(FIH ( E}f:p_lt»'k Vi H)e(f)

(4)

1
N ps1 | VKH ()2

5 (©)

where N is the size of the eigenvectors and e(f) is a
vector of complex sinusoids

e (f) [1 exp() exp(jf.2)
e e exp@2n-1)) ]

exp(jzf.4) .

(6)

The EV method weights the summation by the eigen
values of the correlation matrix:

AN

1
(S) . | VK H e(P)]2)/k

()

Pev (f) =

II. PROPOSED METHOD

In this paper we record the speech signal the in
.wav file , then treat the problem by importing tHe fi
in to the signal processing toolbox of MATLAB .
different methods are implemented to estimate the
power spectral density of the speech, analysis the
performance of methods and the signal is then
reconstructed by taking IFFT, as shown in Fig 1.

Record the speech in .wa)
file

Read the .wav file in
Matlah. change the
sampling rate and numbe|
of bits per samples

b

—
FFT, plot its frequency

spectrum

Pick up its main

frequency spectrum

Reduce sample rate to IFFT

ANNNH-

play play

Fig. 1 : Speech Spectrum Analysis using MATLAB
[Il. DESIGN AND IMPLEMENTATION
3.1 Filter Design

From the above analysis result, we select the
sampling rate in our system is 4000 sample /second,
8bits/sample. The cutoff frequency for LPF and HPT is
50Hz, 1500Hz respectively. In order to get the accurate
fingerprint of the code, we use seven filters, their
working range are: LPF: [0-50Hz] , BPF_1: [50-350Hz]
,BPF_2: [350-500Hz] , BPF_3: [500-750Hz] , BPF_4:
[750-1000Hz] , BPF_5: [1000-1500Hz] , HPF: [>
1500Hz]

For the LPF and HPF filter, we take Bruce's sample
code as a reference. However, we made a little change.
The fingerprint of the speech is the accumulation of the
square of the output of each filter. So we combine the
calculation the square and accumulation in one filter
function. For the fourth-order BPF. We duplicate the
second-order filter but using different coefficients. After
finishing our code, first, using an Impulse sequence to
test it and compare the result with Matlab. This case is
to test whether our filter correction is correct. Here
used sample impulse sequence xn=[16 000000000
000000]. Finally, we tested the running time of our
filter. Table1 shows the result.

Table 1 : Performance of the Filter

Typesof thefilter Running Time (cycles)

LPF 213
HPF 213
BPF*5 395*5
Total 2401
System Requirement 4000
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The sample interval is 1/4000*16M = 4000 cycles, 2o

File Options Markers Window Help

which is much longer than processing time of all filters 800 NE owe mS[H1 - HHAY]0

So our filter design can meet the real time requirement <
of speech processing. e N =
Paramelers | h ‘
3.2 Spectrum of PSD T A
We record the sentence as ‘power spectral density’ i i \\ }
in female voice, in the Matlab environment as a .wav i “af \
file, convert this as an audio data in a vector foamd v 7| \
import this file in to signal processing toolbox \
. . . -160
speech_signal_ IN is shown in SPTool startup.spt I\
browser , shown in fig. 2. g [\
L ‘ \ L L L L L
VZUUU 500 1000 1500 2000 2500 3000 3500 4000
(=] | Ceotit [s Frequency
FleEd = indow _Help = [t o i Maker 1 X pta7s Matker2 X g 625 Slope
Signals Filters Spectra — | — | = = T
rirp vecser] | =l
train [vector] FIRbp [design] trainse [auto] . .
speech_sighal_IM [vectc F|g 4 . PSD USIng MTM
From the fig 3, and 4 , the span of pitch is almost
similar in both WELCH and MTM but slope is steep in
MTM
s — _"_I | — Lll — Lll 3.2.2 Spectrum of Parametric method for PSD
Mew: I Create I
Edit | Upetate | In parametric methods , Yule Auto Regressive
Apply | (Yule AR) , Burg, Covariance, Modified Covariance,
. . Multiple Signal Classification (MUSIC) algorithm and
Fig. 2: SPTool startup.spt browser Eigen vector, to estimate the PSD and the

The speech signal is processed by the FIR bandCorresponding spectrum is viewed by the spectrum
pass filter. The signal is transformed in to the frequency viewer. This is shown in Fig 5, Fig 6, Fig 7, and Fig 8.

domain by taking 1024 point FFT .
i

3.2.1 Spectrum of Non Parametric Method for PSD Fie Gotns Mekers Window fh
Ieno iz MK AY N

We use , non parametric methods such us,%‘*;

Welch , Multi Taper method (MTM) to estimate the gg:;‘;‘v"j';’;”‘
PSD . The corresponding spectrum is viewed by the | L
spectrum viewer. This is shown in Fig 3, and Fig 4. e
~loix o [T R
Fle Options Markers Window Help
Ord
BB LRI e R E = UEAY N el
Signat. fiter_signal Nfﬁﬁﬂ% 00
ngw ve: PSD
g 0 — T T . . .
o 7 ‘ 120
Methnd,m 0 | :
Nft {024 : ‘
weidpss e Y A4)
Window hamming  + -100 \ ‘
\ ;
-10
EY ‘
Overlap[50 3: 60 ! ! ! | |
A0 I\ 1 0 K0 000 0 200 2500 3000 %00 4000
-130 (Y Frequency
0, W0 000 1500 200 2600 3000 F00 4000 |‘"’75"”'°m i Haker! * b7 1675 Haer2 ¥ 108375 Sope
Frequency
F PR — — y-4853 0048762241
vt fram | Maker 1 * st 5625 arker2 54375 S Bt | i) |
Feet || — y 59254303 — — y-11208815 0087028529

Fig. 5 : PSD using Yule AR
Fig. 3 : PSD using WELCH
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) Spectrum Viewer -lolx| : . ;
ET In nonparametric, the span of pitch and slope is
RO R improved .

e . 3.3.3. Spectrum of Subspace Method (SM) for PSD

Fz= 8000 -

Faanders In this method in fig 9 the amplitude of the

Mamum 30
Orcler Fn
Nmﬁuzn -100

pitch attains the maximum value in decibel is (-36.89
7959db) compared to NPM (-63.714286 db) and
PM (-63.469388db)

2
JIE]
m Fle Options Markers Window Help
BRLNI swe|Em Tl AY N
| | | | | | | Signat fiter_signal
O e e W Z0 AW EW B
Frequency =)
fnhert from E Waker 1 % fie7 1575 Maker2 * 167 5 Slpe: Param,:;m,m
gt || — T — — 55 1048219 St ,4_
ignal Dir.
Thrasha\d[]
Fig. 6 : PSD using Burg mifi ]
Nwmd[]
Fle Options Markers Window Help
BRGNIswo|ETHIZRRIAY 0 T |
Sigral fier_signal S | | | | | | |
ﬁ7§4&hy4ve; PSD I? Cor 0y S0 000 1500 A0 %00 W00 K00 4000
Fs = 8000 0 ] ¥ Egenvector Weights Frequency
e Jet fon [ Haler1 *f0 25 a2 * o375 Sope
G — 0 1 = Lo . R AT
Ordevﬁﬂ
Nmﬁnu 1001 A
Fig 9 PSD using MUSIC
20 1
i | IV. RESULT AND DISCUSSION
< The final view of the SPTool startup.spt browser
460 | I I I S I . . . .
U® W &) 21 BT T 4l window is shown in Fig 10. The spectral of all the
Tequency .
methods can export in to the work space of Matlab or
e fren H Maker] % o375 Maker2 % 726 5625 Sope: . P . P
—— T T e P external disk for further processing .
In Table 2 , the pitch, amplitude of the pitch, and
Fig. 7 : PSD using Covariance slope for each method are tabulated.

) Spectrum Viewer =0/ ) SPToolk: startup.spt =10l =]

Fle Options Markers Window Help Fle Edt Wind Hel
ile i indow  Help

BRLUXT S we|T Mzl AN W

Signals Filters Spectra
Sigia filer_sinl
R rrtlh [vectar] = | [CSip [desion] = | [rtlbse [auto] =~
Fs= 8000 & chirp [vectar] _I PZIp [imported] _I chirpse [auta] _I
P itrain [vector] FIRbp [design]

speech_signal_IM [vect:
filter _sighal [vector]

Methed o Covar. = 40
omevﬁ 0
Nitfize 100

& _Covarience
spect_FFT [auto]
spect_modCov [auta]
spect_MTM [auto]
spect_MUSIC [auta]
spect_Welch [auta]

[auto

120 spect_yuleAR [auto]
140 - -
i — = >
460 ‘ : ‘ Ll S Vigw | Vigw | Vigws |
0 500 1000 1500 2000 2500 3000 3500 4000
Fraquency Mewy I Create I
et fon p| Maker? * 7127 Haker 2 *[21575 S Edit | Ui |

o | v 37T — 15153 D04EI413 Apply |
Fig. 8 : PSD using Modified covariance

Fig. 10 : Final SPTool startup.spt browser
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Table 2 : Spectral analysis in different methods dDPS

M ethod Type Pitch | Amplitude slope

(Hz) of the
pitch (db)

Non WELCH 351.5625 -69.30612Z -0.087029524
Parametri

c

MTM 343.75 | -63.71428¢ -0.20662

Parametri = Yule 367.1875 -63.46938¢ -0.048762241

c

AR
Burg 367.1875 -65.510204 -0.048219

Covaria 367.1875 -65.102041 -0.035005586
nce

Modifie = 367.1875 -64.69387¢ -0.04822141%
d.cov

Surface MUSIC 390.625 -36.89795¢ -0.028547

V. CONCLUSION

For measuring the pitch of the speech signal , the
parametric method of estimation gives best

performance. They tend to produce better results than
classical nonparametric methods when the data length of
the available signal is relatively short.
methods are best suited for line spectra that is, spectra o

The sufac

sinusoidal signals and are effective in the detection of
sinusoids buried in noise, especially when the signal to
noise ratios are low.
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