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5.1.3. Results and Performance in noisy backgrounds 

The algorithm was designed specifically for use during voiced speech segments, so it 

was slightly modified to work for sentences that consist of voiced and unvoiced speech 

segments. The voicing detector developed for use with the new formant tracking 

algorithm was adapted to work for the Schafer and Rabiner algorithm [8]. During 

unvoiced speech segments, the formant frequencies are assigned the value that was 

estimated during the previous voiced speech segment. Figure 5-6 shows the spectrogram 

of a synthesized male speaker saying "Five women played basketball", with the first three 

estimated formant frequencies obtained using this algorithm shown in white and the 

actual formant frequencies plotted in black. From the figure it can be seen that algorithm 

does not perform well even for the voiced segments of speech at a high SNR. It is also 

not accurate in estimating formant frequency transitions and is slow to respond to 

formant frequency movements. 

Formant frequency estimates for a synthesized male speaker Colour Scale 
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Figure 5 - 6 - Spectrogram and formant frequency estimates for a synthesized male speaker 
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Figure 5-7 shows the RMSE vs. SNR plot for the first three formant frequencies of a 

synthesized male speaker saying "Five women played basketball" in the presence of 

A WGN. The figure shows that the RMSE is very high even at high SNRs, which means 

that the algorithm is not able to track the formants very well. 
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RMSE vs SNR for a synthesized male speaker in the presence of AWGN 

800 

~ 400 

300 

OL-__ _L ____ L_ __ _L ____ L_ __ _L ____ ~--_L___~--~ 

·5 5 10 15 20 25 30 35 40 

SNR (dB) 

Figure 5 - 7- RMSE vs. SNR for a synthesized male speaker in A WGN 

The RMSEs drops sharply below 10 dB because below this SNR the formant 

frequencies are assigned an arbitrary value instead of being estimated from the cepstrally 

smoothed log spectrum. This occurs because the algorithm is unable to resolve distinct 

peaks for any of the formant frequencies at such a low SNR. Figure 5-8 shows a 

spectrogram for the same synthesized male speech sentence as in Figures 5-6 and 5-7 

except that the SNR is 0 dB. It can be seen from the figure that the estimated formant 

frequencies are constant and remain at their arbitrary assigned values throughout most of 

the signal. 
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Formant frequency estimates for a synthesized male speaker 

>­
(,) 
s::: 
~ 2000 
C" 
E 
u. 

at Odb SNR in AWGN colour scale 

10 

Time (s) 

"' "C 

Figure 5 - 8- Spectrogram for a synthesized male speaker in background A WGN at 0 dB SNR 

To prove that that ~he poor performance of the algorithm was not limited to the 

synthesized speaker sentence used for generating the previous three figures, it was tested 

in a large number of other synthesized male sentences. Figure 5-9 shows the RMSE vs. 

SNR plot for the first three formant frequencies of a synthesized male speaker saying 

"Once upon a midnight" in the presence of AWGN. This figure shows similar trends to 

those observed in Figure 5-7 and confirms that the overall performance of the algorithm 

Is poor. 
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RMSE vs SNR for a synthesized male speaker 
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Figure 5 - 9- RMSE vs. SNR for a synthesized male speaker in A WGN 

The algorithm is a~so tested in the presence of a male single background speaker and 

in the presence of multiple background speakers for a wide range of SNRs. Figure 5-10 

shows the RMSE vs. SNR plot for a synthesized male speaker saying "Five women 

played basketball" in the presence of a male single background speaker. Figure 5-11 

shows the RMSE vs. SNR plot for the same synthesized male speaker in the presence of a 

multiple background speakers. From these figures it is clear that the performance of this 

algorithm is also poor in the presence of a male single background speaker as well as 

multiple background speakers. 
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RMSE vs SNR for a synthesized male speaker 
in the presence of male sing le background speaker 
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Figure 5- 10 - RMSE vs. SNR for a synthesized male speaker in the presence of a male single 
background speaker 
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RMSE vs SNR for a synthesized male speaker 
in the presence of multiple background speakers 
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Figure 5 - 11 - RMSE vs. SNR for a synthesized male speaker in multiple background speakers 
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5.2. Formant Frequency Estimation using Linear Predictive 

Coefficients 

Linear prediction analysis has been among the most popular methods for extracting 

spectral information from speech. Linear prediction of a speech signal involves modelling 

the next signal step as a linear combination of previous values in a statistically optimal 

way. The combination is a hypothetical proposal of the vocal tract impulse response. The 

parameters of the models are indicative of formant frequency positions hence, this is a 

parametric formant estimation technique. The solution of the linear prediction is a 

difference equation that expresses each sample of the original signal as a linear 

combination of the preceding samples. This difference equation is called the linear 

predictor and the coefficients of the equation are called the linear predictive coefficients 

(LPC). In the algorithm implemented [9], the first three formant frequencies are estimated 

from the peaks of the linear prediction spectra of the speech signal while minimizing the 

mean-square error between the predicted signal and the actual signal. 

The proposed algorithm can only track formants in heavily voiced sounds and uses a 

pitch based voicing detector to determine whether a segment is voiced or unvoiced. 

However, the voicing detector that was built for the new formant tracker was 

supplemented to be used in this algorithm instead of the one proposed in the paper [9]. 

The speech is first pre-emphasised using a high pass filter (see Section 3.1) to remove the 

spectral tilt of the speech. Then the speech signal is segmented into non-overlapping 

segments of length 16 ms and then windowed using a Hamming window. Next, the 14th 

order LPCs of the signal are found and the frequency response of the all-pole filter 

described by those coefficients is computed. This frequency response is called the LPC 

spectrum of the signal. The formant frequencies are estimated from the peaks of the LPC 

spectrum. Figure 5-12 compares the 14th-order LPC spectrum and the FFT of a segment 

of speech. From the figure it can be seen that the LPC spectrum is similar to a 'smoothed' 

version of the FFT spectrum of the speech segment. 
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FFT and LPG spectrum 
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Figure 5 - 12 - The LPC spectrum and the FFT spectrum of a speech segment 

The location and amJ?litude of all the peaks of the LPC spectrum are extracted and the 

peaks closest to the experimentally estimated anchor points are assigned as the best 

candidates for their respective formant frequency. For example, a peak at 500Hz would 

be closer to Est F1 than Est F2, and would therefore be assigned as the first formant 

frequency. The experimentally estimated anchor points for the formant frequencies for 

male and female speakers are shown in table 2 [9]-

Anchor Points Est Fl (Hz) Est F2 (Hz) Est F3 (Hz) Est F4 (Hz) 

Male 320 1440 2760 3200 

Female 480 1760 3200 3520 

Table 2: Formant Frequency anchor points estimated using experimental data 
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However, sometimes the peaks of the LPC spectrum are merged together and are too 

close to each other to be assigned as formant frequencies. In this case, the frequency 

spectrum is enhanced by using the CZT, which increases the frequency resolution at the 

expense of a decreased temporal resolution of the spectrum [8], [9]. If the peaks are still 

not resolved, the peak frequency being obtained for both formant values is compared to 

the anchor values and the peak is assigned to the formant closest to the anchor point. The 

other formant is either found by interpolation or by taking the mean of the already 

available data. Finally, successive formant frequency values are "smoothed" over time 

when a formant frequency is missing or is grossly out of range, by assigning that formant 

frequency its moving average value. 

Figure 5-13 shows the spectrogram of a synthesized male speaker with the estimated 

and actual formant frequencies. From the figure it can be seen that the first formant 

frequency is tracked relatively well but the second and third formant frequencies are not 

accurately estimated using this algorithm. 

Formant frequency estimates for a synthesized male speaker 
Colour Scale 

Figure 5 - 13 - Spectrogram for a synthesized male speaker 
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Figure 5-14 shows the RMSE vs. SNR plot for a synthesized male speaker saying 

"Five women played basketball" in the presence of AWGN. Figure 5-15 shows the 

RMSE vs. SNR plot for a synthesized female speaker saying the same sentence in the 

presence of a background AWGN. The figures illustrate that the performance of the 

algorithm is acceptable at high SNR levels for both male and female speakers. The 

RMSEs starts to drop below 20 dB because below this SNR level the formant frequencies 

are assigned an arbitrary value instead of being estimated from the spectrum. Overall, the 

algorithm performs poorly for both male and female speakers in AWGN below that SNR. 

RMSE vs SNR for a synthesized male speaker in the presence of AWGN 
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Figure 5- 14- RMSE vs. SNR for a synthesized male speaker in A WGN 
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RMSE vs SNR for a synthesized female speaker in the presence of AWGN 
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Figure 5 - 15- RMSE vs. SNR for a synthesized female speaker in A WGN 

The algorithm is :also tested in the presence of single and multiple background 

speakers at varying SNRs. Figure 5-16 shows the RMSE vs. SNR for a female 

synthesized speaker saying "She gave the kitten to Budd today" in the presence of a male 

single background speaker. This figure shows that the second and third formant 

frequencies are affected greatly by the background speaker and as a result, their RMSEs 

are very high even at high SNRs. Figure 5-17 shows the RMSE vs. SNR for a synthesized 

male speaker saying "Five women played basketball" in the presence of multiple 

background speakers. This figure shows similar trends to those observed in the male 

single background speaker case and the second and third formant frequencies show an 

unusually large RMSE even at high SNRs. 
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RMSE vs SNR for a synthesized female speaker 
in the presence of male signle background speaker 
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Figure 5 - 16 - RMSE vs. SNR for a synthesized female speaker in male single background speaker 

RMSE vs SNR for a synthesized male speaker 
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Figure 5 - 17- RMSE vs. SNR for a synthesized male speaker in multiple background speakers 
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5.3. Formant Frequency Estimation using Physiological Models 

of the Ear 

The ability of the human auditory system to process speech in noisy environments 

makes it superior to any human-designed speech processing system to date. Spectral 

estimation using auditory models has been shown to be efficient and robust but the 

success of the system depends on the accuracy and robustness of the auditory model it 

uses. A formant tracking algorithm that uses a human auditory model has been proposed 

by Metz et al. [10] and has been implemented using MATLAB. 

The auditory model consists of stages for the outer, middle and inner ears. The output 

of the auditory model is the ensemble interval histogram (EIH), which shares similarities 

to the auditory nerve response of the mammalian ear. The algorithm proposes using the 

peaks of the EIH for estimating formant frequencies from voiced speech. The three 

highest peaks of the EIH for each short-time speech segment are designated as the three 

formant frequencies of that segment. Figure 5-18 shows the auditory model of the inner 

ear and cortical processing used by Metz et al. for formant tracking [10]. 

In this algorithm formant tracking is broken down into three main steps. First is the 

spectrum estimation of the speech signal (obtaining the EIH), second is the determination 

of the peaks from the spectrum and the last is the picking of the proper peaks. The speech 

signal is first pre-emphasised using a HPF (see Section 3.1) to remove the spectral tilt of 

the signal and then normalized so that the maximum amplitude of the signal is slightly 

above 40dB. Normalization is necessary for proper use of the level crossing detectors 

(LCDs) and will be discussed in detail later. Next, the signal is broken into non­

overlapping 40 ms segments. Formant frequencies of each segment are estimated by 

passing it through each of the band pass filters (BPFs) and picking peaks from the EIH. 
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5.3.1. The BPFs 

The band pass filters (BPF) are designed to simulate the psycho-acoustic tuning 

curves (PTCs) [10]. The model is made up of 90 uniformly distributed 2nd-order 

Butterworth IIR filters. The bandwidth of each filter is constant at 200 Hz and the centre 

frequencies of the filters are separated by 50Hz. The BPFs are distributed evenly to cover 

a frequency range from 200 Hz to 5 kHz. Figure 5-19 shows the frequency and phase 

responses of the 2nd, 20th, 50th, 60th and 90th BPF. 

'··········~·-············ 

Synchrony Analysis 

Figure 5- 18- The Auditory Model used by Metz et al. (Reprinted from Metz eta!. [!OJ) 
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FILTER RESPONSES FOR VARIOUS FILTERS 
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Figure 5- 19- The filter response of various BPFs 
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5.3.2. The Level Crossing Detectors (LCD) and Frequency Histograms (FH) 

After a speech segment has been passed through a BPF, the filtered signal is put 

through a bank of eight level crossing detectors (LCD). The level crossing that each LCD 

checks for is different and the eight levels for which the signal is checked for are: 5, 10, 

15, 20, 25, 30, 35, and 40 dB. Each LCD checks to see if a positive going level crossing 

has occurred and uses linear interpolation to determine the exact time of the crossing. 

Figure 5-20 shows a speech signal and its positive going level crossings for the 5 dB 

LCD. The time intervals between successive positive going level crossings for all the 

LCDs are inverted and summed together to obtain the frequency histogram (FH) of the 

segment for a particular BPF. 

Level Crossings at 5dB 
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Figure 5 - 20 - The filter response of various BPFs 

The segment is passed through all 90 of the BPFs and the above process is repeated. 

Finally, the FHs from each BPF are summed to obtain the EIH for the segment [1 0] . 
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Figure 5-21 shows a sample Elli of a segment of speech. Notice that the first three 

formant frequencies of the segment of speech have the three highest peaks of the EIH. 
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Figure 5- 21 -The EIH of a segment of speech (Reproduced from Metz. eta!. [10]) 

A peak picking algorithm picks the top three peaks of the Elli for every segment of 

speech and these are assigned to be the first three formant frequencies of that segment. 

5.3.3. Results 

The Metz et al. algorithm works well for estimating the first three formant 

frequencies of sustained vowels whose formant frequencies remain constant. However, 

the parameters of the algorithm have to be modified for each sustained vowel in order for 

it to work properly. Figure 5-22 shows the spectrogram of a sustained vowel /a/ with 

constant actual formant frequencies. It is clear from the spectrogram that the algorithm is 

able to predict the three formant frequencies very accurately. However, the algorithm 

performs very poorly for speech signals where the formant frequencies are non­

stationary. Figure 5-23 shows the spectrogram of a synthesized female speaker saying 

"Five women played basketball". From this figure it is clear that the algorithm is not able 

to estimate formant frequencies accurately even at high SNRs. 
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Formant Frequency estaimtes for a sustained vowel /e/ 
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Figure 5 - 22 - Spectrogram and estimated formant frequencies for a sustained vowels 

Formant frequency estimates for a synthesized female speaker 
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Figure 5 - 23 - Spectrogram for a synthesized female speaker 

Page 138 



MASc Thesis- Kamran Mustafa McMaster University - Dept. of Electrical and Computer Engineering 

Figure 5-24 shows the RMSE vs. SNR for a synthesized male speaker saying "Five 

women played basketball" in the presence of A WGN. This figure shows that the RMSEs 

are constant across the different SNRs. This is because (as seen from Figure 5-23) the 

estimated formant frequencies remain constant throughout the signal. Therefore, the 

difference between the actual and estimated formant frequencies also remains constant. 
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Figure 5 - 24 - RMSE vs. SNR for a synthesized male speaker in A WGN 

Figure 5-25 shows the RMSE vs. SNR for a synthesized female speaker saying "Five 

women played basketball" in the presence of a male background speaker. Overall, the 

algorithm performs poorly for all types of sounds except sustained vowels. 
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RMSE vs SNR for a synthesized male speaker in AWGN 
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Figure 5 - 25 - RMSE vs. SNR for a synthesized female speaker in the presence of a male single 
background speaker 
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6. CONCLUSIONS 

Quantitive analysis of the formant tracking algorithm described in this thesis has 

shown that it provides accurate formant frequency estimates for both male and female 

speakers for a wide range of SNRs in real-life noise conditions such as AWGN, a single 

competing background speaker (male and female), multiple background speakers, and 

reverberant acoustic environments. The algorithm provides mostly smooth formant 

frequency estimates. The formant tracker is also robust and recovers quickly after 

erroneous estimates to go back to tracking the actual formant frequencies in the speech 

signal. There have been some problems identified with the formant tracker. The 

algorithm occasionally gives 'choppy' and oscillating formant frequency estimates. This is 

an undesirable result because the actual formant frequencies of speech normally vary 

slowly with time and have smooth transitions. This problem is only encountered when the 

SNR is very low (typically below 5 dB as in Figure 4-21) and occurs due to the algorithm 

tracking the excess energy added outside the formant frequency regions from the 

background noise source. However, the overall performance of the proposed formant 

tracking algorithm is still much better than those of traditional formant estimation 

techniques. 

The algorithm developed in this thesis is geared primarily towards use for CEFS 

amplification. It was identified earlier that in order to apply CEFS to continuous speech 

the second formant frequency has to be estimated accurately and in real-time. 

Furthermore, the estimated formant frequencies have to be smooth and the algorithm has 

to be able to identify formant transitions accurately so that the proper frequency­

dependent amplification is applied to the speech signal. Testing on the algorithm has 

shown that the formant frequency estimates are smooth and the formant frequency 

transitions are tracked accurately. The algorithm has been designed to operate in real­

time and estimate formant frequencies from continuous speech for both male and female 
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speakers. Therefore, the formant tracking algorithm developed in this thesis can be used 

to implement CEFS amplification. 

Limitations of Traditional Formant Frequency Estimation Techniques 

The traditional formant frequency estimation techniques that were implemented have 

shown that they do not meet the criteria to be able to provide formant frequency 

estimation for CEFS amplification. The formant frequency estimation based on peak 

picking of the cepstrally smoothed spectrum provides good formant frequency estimates 

at high SNRs for voiced speech segments of male speakers. However, its performance 

degrades considerably in background noise (AWGN and single competing speaker) at 

lower SNRs and it cannot track formant frequency transitions accurately even at 

moderate SNRs. The algorithm is not designed to work for female speakers and many of 

the parameters have to be adjusted manually for the algorithm to function for female 

speakers. The technique also requires a large number of logic operations ( eg. Figure 5.2, 

5.3, 5.5) in order to constrain and refine the formant frequency estimates and is therefore 

computationally complex. 

The formant frequency estimation method based on LPCs provides good first formant 

frequency estimates for both male and female speakers at high SNRs. However, the 

estimates for the second and third formant frequencies are poor even at high SNRs and 

the algorithm is not able to track formant frequency transitions. The formant frequency 

estimates that the algorithm provides are not smooth and have large jumps. The overall 

performance of the algorithm deteriorates significantly in the presence of background 

noise (AWGN, single competing speaker, or multiple background speakers) at moderate 

SNRs. The algorithm also requires a large number of logic operations in order to 

constrain and refine the formant frequency estimates making it computationally complex. 
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The physiological model based formant frequency estimation technique was unable to 

provide accurate formant frequencies for continuous speech for either male or female 

speakers. 

Other Applications of the Formant Tracking Algorithm 

Although the algorithm developed in this thesis is primarily designed to meet the 

criteria for CEFS amplification, other applications were identified earlier. Speaker 

identification systems often use front-end phonetic segmentation prior to feature 

extraction from phonemes [21]. For such an application, the algorithm no longer needs to 

obtain formant frequencies from continuous speech and only needs to operate on voiced 

speech segments. The algorithm can be modified to remove the voicing detector and the 

moving average decision maker so that the formant frequencies are always estimated by 

spectral estimation. The algorithm should perform very well in this environment and will 

be able to provide accurate formant frequency estimates for the voiced speech segments. 

Another application identified for the formant tracking algorithm is for speech 

coding. For this application it may be more important that the algorithm provides actual 

formant frequency estimates of the speech even if the estimates are not smooth and that 

the algorithm is able to recover quickly. The formant tracking algorithm can be modified 

to remove the moving average decision maker so that the algorithm is able to quickly 

recover and provide erratic but accurate formant frequency estimates. The algorithm will 

also be able to identify voiced speech segments for which it is able to provide accurate 

estimates. 

The formant tracking algorithm can also be used for concatenation synthesis of 

speech [18]. For this application the formant frequencies have to be accurately identified 

during phoneme transitions. Since the formant tracker is already able to identify formant 
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transitions accurately, it should be able usable for this application without extensive 

modifications. 

Future Work 

The oscillating formant frequency problem may be solved in future updates to the 

formant tracker by either smoothing the formant frequency estimates or by incorporating 

additional logical limitations to prevent abnormal jumps in the formant estimates. 

Another future improvement may be to modify the formant pre-filters to have variable 

bandwidths that are dependent on the magnitudes of the poles estimated by the linear 

prediction coefficients. This may further improve the formant estimates during rapid 

formant transitions at high SNRs, but the performance at low SNRs would likely remain 

unchanged. 
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APPENDIX I - CODE 

The MATLAB code used to implement the formant tracking algorithm 1s also publicly 
available from this webpage: 

http://www.ece.mcmaster.ca/~ibruce/ 

Formant Tracker Frontend 

%function F = formant tracker_frontend 

% FORMANT_TRACKER FRONTEND 
% 
% F = FORMANT TRACKER FRONTEND - -
% 
% This function acts as the frontend for the 'FORMANT_TRACKER_BACKEND.m' function, which 
it calls. 
% It provides similar functionality to the 'FORMANT TRACKER. m' function but all the 
parameters for 
% the function are passed on to the 'FORMANT_TRACKER_BACKEND. m' function by this 
function. All adjustments 
% to the formant tracker parameters can be made here. 
% 
% 
% See also FORMANT_TRACKER_BACKEND, FORMANT_TRACKER, and FORMANTFILTERS. 

% Inputs 
% none 
% 
% Outputs 
% none 
% 
% Author: Kamran Mustafa 
% E-mail: mkamran®hotmail.com or mkamran®ieee.org 
% 
%Modification List: 
% 
% June 13, 2002 - First Created 
% June 16, 2002 - Modified to add more parameters 
% June 17, 2002 - Added more parameters 
% June 18, 2002 - Added more parameters 
% June 22, 2002 - Modified function to accomodate independent RMS threshold Ratios for 
each formant 
% June 24, 2002 - Made changes to the RMS threshold levels to see if a moving average of 
RMS thresholds is feasible 
% for each of the formants. 
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Clear MATLAB Memory 
clear all; 
clc; 

%Setup and load the signal and the correstaponding Actual Formant Frequncies 
[X, Fs] = wavread('fwpb female energy modified 1.wav'); %<---change filename here 
load 'fwpb_female_energy_modifled_1hl~mat'; -
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%downsample to 8 Khz 
X= resample(X,8e3,Fs); 

McMaster University- Dept. of Electrical and Computer Engineering 

%New Sampling Frequency (after downsampling) 
Fs = 8e3; 

% %Add noise to the original signal 
%X= addnoise(X,30); 

%LPC Window size assignment - 20 ms 
lpc_window_size = 0.02*Fs; 

%Declare the number of filters to create the window for 
num_of_filters = 4; 
%LPC Window - of duration LPC windowsize 
window= repmat(hamming(lpc_window_size, 'periodic') ,1,num_of_filters); 

%%%%%%%%%%%%%%%%%%VOICING DETECTOR INITIALIZATIONS%%%%%%%%%%%%%%%%%%%% 

%Cut-ff frequency for the voicing detector HPF and the LPF 
Filter_Cutoff = 700; 

%The Hysterisis Log Ratio Threshold1 for switching from unvoiced speech to voiced speech 
(0 --> 1) 
Log_ratio_threshold1 = 0.2; 

%The Hysterisis Log Ratio Threshold1 for switching from voiced speech to unvoiced speech 
(1 --> 0) 
Log_ratio_threshold2 = 0.3; 

%The Threshold Level for use with the Autocorrelation vs. logratio calculation for white 
noise consideration 
Autocorrelation_Threshold_Level = 0.4; 

%Set RMS Ratio threshold value 
RMS_Ratio_F1 -35; 
RMS_Ratio_F2 -40; 
RMS_Ratio_F3 -45; 
RMS_Ratio_F4 -50; 

%%%%%%%%%%SET ALL PARAMETERS BEFORE THIS POINT%%%%%%%%%%%%%%%%%%%%%%% 

%Call the Formant Tracking function 
[F, Voice, Y RMS, Avg Y RMS, Gender, Pitch] formant_tracker_backend (X, Fs, 
lpc_window_size~ window,- -Filter_Cutoff, Log ratio threshold1, Log ratio threshold2, 
Autocorrelation_Threshold_Level, RMS_Ratio_F1, RMS_Ratio_F2, RMS_Ratio_F3, RMS=Ratio_F4); 

%%%%%%%%%%%%%%%%%%%%%PLOT THE RESULTS%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Spectrogram 
figure; 
specgram(X,256,Fs,256,192) 
caxis ( [-65 5]); 
xlabel ( '\bf Time (s) '); 
ylabel('\bf Frequency (Hz)'); 
hold on; 
plot(time/1000-(256/2)*(1/Fs),fl, 'k -','linewidth',2.5); 
plot(time/1000-(256/2)*(1/Fs),f2, 'k -','linewidth',2.5); 
plot(time/1000-(256/2)*(1/Fs) ,f3, 'r- ', 'linewidth' ,2.5); 
plot (time/1000- (256/2) * (1/Fs), f4, 'r -', 'linewidth', 2. 5); 
plot ( [0: 1/Fs: (length (X) -1) /Fs] -
( ( (lpc window size+256) /2) +10) * (1/Fs), F, 'w', 'linewidth', 2. 5) 
plot( [0:1/Fs:(length(X)-1)/Fs]-(((lpc_window_size+256)/2)+10)*(1/Fs) ,250*Voice, 'm 
', 'linewidth',2) 
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Formant Tracker Backend 

function [F, Voice, Y_RMS, Avg_Y_RMS, Gender, Pitch] = formant tracker backend (X, Fs, 
lpc_window_size, window, Filter_Cutoff, Log_ratio_thresholdl~ Log ratio threshold2, 
Autocorrelation_Threshold_Level, RMS_Ratio_Fl, RMS_Ratio_F2, RMS_Ratio_F3, RMS_Ratio_F4) 

% FORMANT TRACKER BACKEND 
% 
% F = FORMANT TRACKER BACKEND f - -

% This function acts as the backend for the 'FORMANT_TRACKER_FRONTEND.m' function, which 
calls it. 
% It provides similar functionality to the 'FORMANT TRACKER. m' function but all the 
parameters for 
% the function are passed on to it from the 'FORMANT TRACKER FRONTEND.m' function. 
% 
% 
% See also FORMANT_TRACKER_FRONTEND, FORMANT_TRACKER, and FORMANTFILTERS. 

% Inputs 
% none 
% 
% Outputs 
% F = The 4 formants frequencies 

% Author: Kamran Mustafa 
% E-mail: mkamran®hotmail.com or mkamran®ieee.org 
% 
%Modification List: 
% June 13, 2002 - First Created from formant tracker.m function 
% June 16, 2002 - Changed the method to calculate the initial formant frequencies 
%June 17, 2002 -Modified method to calculate initial formant frequency assignments 
% June 18, 2002 Added the formant filter parameters to the list of modifiable 
parameters. 
% June 24, 2002 - Modified to adjust to negative frequency predictions by the LPC 
% June 25, 2002 - Added an adaptive RMS Threshold Level detector based on a 'moving 
average' RMS_Threshold Level 
% July 8, 2002 - Added Moving average based RMS Threshold Levels 
% July 9, 2002 - Modified teh Moving Average based RMS Threshold Levels to decay when 
below the threshold 
% July 16, 2002 - Fixed problems with the initializing of the formant frequencies before 
the LPC starts 
% September 10, 2002 - Started playing around with the Pre-Empahsis. 
% September 11, 2002 - Added a second order Pre-Emphasis filter with a higher spectral 
tilt below the cut-off freq. 
% September 13, 2002 - Selected a 1st order Buterworth IIR Pre-Emphasis filter after 
trying different types of Pre-Emphasis filters. 
% September 25, 2002 - Started integrating the pithch based gender detector into the 
tracker. 
% September 26, 2002 - Completed integrating the gender detector and started testing the 
results 
% October 12, 2002 - Made changes to the gender detector so that it only polls for voiced 
speeech. 
% October 22, 2002 - Modified the function to inculde Pitch based calculations when 
calculatinh formants. 
% April 19, 2003 - Cleaned Code 
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Turn off warnings 
warning off; 

%Equalize the input file to have an RMS of 1 
X= X./rms(X); 
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%Replicate the origianl signal to be sent to the voicing detector 
X VD = X'; 

%Apply the Pre-Amphasis filter to the input signal 
Xhf_preemphasis = filter([0.2618 -0.2618],[1 0.4764],X); %Butterworth IIR filter, Order 
1, stable 

%Hilbert Transform the signal into a complex signal using the FIR Hilbert function. 
X= firhilbert(Xhf_preemphasis); 
X=X.'; 

%Generate 4 uniformly distributed random numbers between 0 and the Nyquist Frequency -
sort them in ascending order 
Q = (sort(rand(1,5))); 

% %Assign initial formant frequency values to each of the formants based on experimental 
values (randn*std + mean) 
Pitch_Initial = Q(1)*50 + 175; 
F1 Q(2)*115.9433 + 397.3253; 
F2 Q(3)*461.5834 + 1.49E+03; 
F3 Q(4)*381.7358 + 2.49E+03; 
F4 Q(5)*258.653 + 3.55E+03; 

%Intialize F_freq 
F_freq = [F1;F2;F3;F4]; 

%Check for any non-Nyquist and non-zero initial formant frequency assignments 
F_freq_Bad = find( (F_freq <= 0) I (F_freq >= Fs/2) ) ; 

if (any(F_freq_Bad)) 

%If the first formant is less then or equal to zero 
if (F_freq(1) <= 0) 

%Set the first formant to it's (MEAN - 2*STD) 
F1 = 397.3253 - 2*115.9433; 

end %endif (F_freq(1) <= 0) 

%If the fourth formant is more than or equal to the Nyquist freq. 
if (F_freq(4) >= Fs/2) 

%Set the fourth formant frequency to it's (MEAN+ 2*STD) 
F4 = 3.55E03 + 2*258.653; 

end %endif (F_freq(4) >= Fs/2) 

F_freq = [F1;F2;F3;F4]; 

end %endif (any(F_freq_Bad)) 

%Initial Filter assignments 
[B,A] = formantfilters(Fs, Pitch_Initial, [F_freq(1), F_freq(2), F_freq(3), F_freq(4)]); 

B B.'; 
A= [A. ';zeros(3,4)]; %To equalize A into a 5 x 5 matrix as well (like B). 

%Initialize the Avg. Formant Frequency 
Avg_F_freq = [F1; F2; F3; F4]; 

%Initialize the Moving Average of the RMS Levels 
Avg_Y_RMS [RMS_Ratio_F1; RMS_Ratio F2; RMS Ratio_F3; RMS_Ratio_F4]; 
Avg_Y_RMS = repmat(Avg_Y_RMS,l,lpc_window_size+l); 

%Set the previous formant frequency 
Last_F_freq = F_freq; 
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%Order of the filter - doesn't change 
[tmp, num of filters] = size(B); 
filter_order-=tmp-1; 

%Zero Pad the input signal to deal with the initialization 
Y = zeros(num_of_filters,size(X,2)); 
X_VD = [(zeros(1,filter_order)) X_VD]; 
X= [(zeros(1,filter_order)) X]; 
Y_temp = zeros(num_of_filters,size(X,2)); 

%Frequency movement indicators (they are only here to keep track of the movement)­
initialize 
F1_Mov(1:lpc_window_size+1) F1; 
F2_Mov(1:lpc_window_size+1) F2; 
F3_Mov(1:lpc_window_size+1) F3; 
F4_Mov(1:lpc_window_size+1) F4; 

%%%%%%%%%%%%%%VOICING DETECTOR and GENDER DETECTOR INITIALIZATIONS%%%%%%%%%%%%%%%%% 

%Initialize the return variable: 1 for voiced speech; and 0 for unvoiced speech 
Voice= zeros(1,length(X_VD)); 

%Initialize the gender 0 for male and 1 for female and -1 for no change from last (hold 
at previous) 
Gender= zeros(1,length(X VD)); 
Pitch= zeros(1,length(X_Vn)); 

%Initialize the Avg. Pitch 
Avg_Pitch = Pitch_Initial; 

%Setup Jump counter to an inital value of 20 ms - Determines how often the Pitch/Gender 
is checked 
Jump_Counter = Fs/20; 

%The HPF Parameters - 20th order high-pass Butterworth filter. 
[B_HPF,A_HPF] = butter(20,Filter_Cutoff/(Fs/2), 'high'); 

%The LPF Parameters - 20th order low-pass Butterworth filter 
[B_LPF,A_LPF] = butter(20,Filter_Cutoff/(Fs/2)); 

%Delay Filter Parameters 
B_Delay [zeros(1,10),1,zeros(1,10)]; 
A_Delay = 1; 

%High-pass part - for log ratio calculation - Voicing Detector 
X_HPF= filter(B_HPF,A HPF,X VD); 

%Low-pass part - for log ration calculation - Voicing Detector 
X_LPF= filter(B_LPF,A_LPF,X_VD); 

%Delayed part - for Autocorrelation 
X_Delayed= filter(B_Delay,A_Delay,X_VD); 

%Setup the waitbar. 
wb1 = waitbar(O, 'Running ... '); 
set(wb1, 'name', 'Formant Tracker- 0%'); 

%Compute over entire signal 
for n=filter_order+1:length(X) 

%Compute filtered signal for each filter (each formant) 
for c = 1:num_of filters 

Y temp(c,n) = [X(n:-1:(n-filter order))]*[B(1:(filter order+1),c)] 
1:-1: (n-filter_order))] * [A(2: (filter_order+1), c)]; -
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end %inner loop endfor c = 1:num_of_filters 

%Calculate the RMS values (complex) of the filetred signals 
Y_RMS(:,n) = rms(Y_temp(:,max(n-(lpc_window_size-1),1) :n). ') .'; 

%%%%%%%%%%%%%%%%% VOICING DETECTOR %%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Calculate Autocorrelation on a moving square window of the same size as the LPC 
window - 20 ms 

if (n > lpc_window_size+1) 
%autocorrelation of the delayed signal on a moving 20 ms square window - after 

LPC kicks in 
autocorr = xcorr(X_Delayed(n-(lpc_window_size-1) :n)); 

else 
%set the autocorrelation to zero for the length of the signal before the LPC 

kicks in. 
autocorr = zeros(2*lpc_window_size-1,1); 

end %endif (n > lpc_window_size+1) 

%Calculate the logratio of the LPF and the HPF 
Log ratio(n) log((rms(X LPF(max(1, n-(lpc window size-

1)) :n))/sqrt(Filter_Cutoff))/(rms(X_HPF(max(1, - n-(lpc_window_size-1)) :n))/(sqrt(Fs/2-
Filter_Cutoff)))); 

%- HYSTERISIS - Assign voiced/unvoiced to each of the data points in the sample 
%If the previous sample was unvoiced AND the current sample had a log ratio of MORE 

than the 
%log ratio threshold1 (for switcing from 0 --> 1), then the current sample is voiced. 

ie. 
%The switch from unvoiced to voiced occurs only if the log ratio threshold 1 is 

crossed. 
if ((Voice(max(1,n-1)) == 0) & (Log_ratio(n) > Log_ratio_threshold1)) 

%set current sample to be voiced speech 
Voice(n) = 1; 

%If the previous sample was voiced AND the current sample had a log ratio of LESS 
than the 

%log ratio threshold2 (for switcing from 1 --> 0), then the current sample is 
unvoiced. ie. 

%The switch from voiced to unvoiced occurs only if the log ratio threshold 2 is 
crossed. 

elseif ((Voice(max(1,n-1)) 1) & (Log_ratio(n) < -(Log_ratio_threshold2))) 

%set current sample to be unvoiced speech 
Voice(n) = 0; 

%If the log ratio threshold is NOT crossed then assign the current sample to be 
like the last one 

else 
Voice(n) = Voice(max(1,n-1)); 

end %endif Hysterisis. 

%Use the results for the autocorrelator AND the Hysterisis to make a final decisions 
regarding voiced/unvoiced speech. 

%The Sample is voiced if the logratio says it voiced AND the the autocorrelation at 
atleast one point in the window 

%is greater than 0.25 (Autocorrelation_Level) times the autocorrelation at the centre 
of the window AND 

%there is at least one point in the window whose autocorrelation is greater than 0. 

Voice(n) (Voice(n) & any(abs(autocorr([1:lpc_window_size-1 
lpc window size+1:2*lpc window size-1])) >= 
Autocorrel~tion_Threshold_Level*autocorr(lpc_window_size)) & any(abs(autocorr) > 0)); 
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%%%%%%%%%%%%%%%%%%%%%%% GENDER DETECTOR %%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Satisfy indexing and length requirements for the Gender Detector 
%Check Gender iff sample is voiced AND the check hasn't been done in a while 

(determined by Jump_Counter) 
if ( (Voice(n) == 1) & (n >= Jump_Counter) 

20 ms 
%Setup Jump counter to setup how often the pitch is going to be checked - every 

Jump_Counter = Jump_Counter + (Fs/50); 

%Setup the windowed data to send to the Gender Detector 
X GD = X_VD ( (n-399) :n); 

%Call the Gender Detector and obtain pitch as well 
[Gender(n), Pitch(n)] = gender_detector(X_GD, Fs); 

%Round the Pitch to the closest integer 
Pitch(n) = round(Pitch(n)); 

%Move Voicing Detector threshold levels depending on the result from the Gender 
Detector - Males 

if (Gender(n) == 0) 

%It's MALE AND we need to change ANY one of the parameters any further 
if (Filter_Cutoff > 700) I (Log_ratio_thresholdl > 0.1) 

(Log_ratio_threshold2 > 0.2) I (Autocorrelation_Threshold_Level < 0.6) 

40 ms 

%Change filter_cutoff gradually, if requied 
if (Filter_Cutoff > 700) 

%Decay fast enough so that it can change from one end to the other in 

Filter_Cutoff = Filter_Cutoff - 10; 

%If there has been a change in the parameters re-calculate the LPF 
and the HPF for the Voicing Detector 

40 ms 

40 ms 

%The HPF Parameters - 20th order high-pass Butterworth filter. 
[B_HPF,A_HPF] = butter(20,Filter_Cutoff/(Fs/2), 'high'); 

%The LPF Parameters - 20th order low-pass Butterworth filter 
[B_LPF,A_LPF] = butter(20,Filter_Cutoff/(Fs/2)); 

%High-pass part - for log ratio calculation - Voicing Detector 
X HPF= filter(B_HPF,A_HPF,X_VD); 

%Low-pass part - for log ration calculation - Voicing Detector 
X LPF= filter(B_LPF,A_LPF,X_VD); 

end %endif (Filter_Cutoff > 700) 

%Change Log_ratio_thresholdl gradually, if requied 
if (Log_ratio_thresholdl > 0.1) 

%Decay fast enough so that it can change from one end to the other in 

Log_ratio_thresholdl = Log_ratio_thresholdl - 0.0025; 

end %endif (Log_ratio_thresholdl > 0.1) 

%Change Log_ratio_threshold2 gradually, if requied 
if (Log_ratio_threshold2 > 0.2) 

%Decay fast enough so that it can change from one end to the other in 

Log_ratio_threshold2 = Log_ratio threshold2 - 0.0025; 
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40 ms 

0.00875; 

end %endif (Log_ratio_threshold2 > 0.2) 

%Change Autocorrelation_Threshold_Level gradually, if requied 
if (Autocorrelation_Threshold_Level < 0.6) 

%Decay fast enough so that it can change from one end to the other in 

Autocorrelation Threshold Level - - Autocorrelation_Threshold_Level + 

end %endif (Autocorrelation_Threshold_Level < 0.6) 

end %endif (Filter Cutoff > 700) (Log_ratio_threshold1 > 0 .1) 
(Log_ratio_threshold2 > 0.2) I (A~tocorrelation_Threshold_Level < 0.6) 

elseif (Gender(n) == 1)%- Females 

%It's FEMALE AND we need to change ANY one of the parameters any further 
if (Filter Cutoff < 1120) I (Log ratio threshold1 < 0.2) 

(Log_ratio_threshold2 < 0:3) I (Autocorrelation_Threshol~Level-> 0.25) 

40 ms 

%Change filter_cutoff gradually, if requied 
if (Filter_Cutoff < 1120) 

%Decay fast enough so that it can change from one end to the other in 

Filter_Cutoff = Filter_Cutoff + 10; 

%If there has been a change in the parameters re-calculate the LPF 
and the HPF for teh Voicing Detector 

40 ms 

40 ms 

40 ms 

%The HPF Parameters - 20th order high-pass Butterworth filter. 
[B_HPF,A_HPF] = butter(20,Filter_Cutoff/(Fs/2), 'high'); 

%The LPF Parameters - 20th order low-pass Butterworth filter 
[B_LPF,A_LPF] = butter(20,Filter_Cutoff/(Fs/2)); 

%High-pass part - for log ratio calculation - Voicing Detector 
X HPF= filter(B_HPF,A_HPF,X_VD); 

%Low-pass part - for log ration calculation - Voicing Detector 
X_LPF= filter(B_LPF,A_LPF,X_VD); 

end %endif (Filter_Cutoff < 1120) 

%Change Log_ratio_threshold1 gradually, if requied 
if (Log_ratio_threshold1 < 0.2) 

%Decay fast enough so that it can change from one end to the other in 

Log_ratio_threshold1 = Log_ratio_threshold1 + 0.0025; 

end %endif (Log_ratio_threshold1 < 0.2) 

%Change Log_ratio_threshold2 gradually, if requied 
if (Log_ratio_threshold2 < 0.3) 

%Decay fast enough so that it can change from one end to the other in 

Log_ratio_threshold2 = Log_ratio_threshold2 + 0.0025; 

end %endif (Log_ratio_threshold2 < 0.3) 

%Change Autocorrelation Threshold Level gradually, if requied 
if (Autocorrelation_Threshold_Level > 0.25) 

%Decay fast enough so that it can change from one end to the other in 
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Autocorrelation Threshold Level Autocorrelation Threshold Level - - - -
0.00875; 

end %endif (Autocorrelation_Threshold_Level > 0.25) 

end %endif (Filter_Cutoff < 1120) I (Log_ratio_thresholdl < 0. 2) 
(Log_ratio_threshold2 < 0.3) (Autocorrelation_Threshold_Level > 0.25) 

end %endif (Gender 0) 

end %endif ( (Voice(n) 1) & (n >= Jump_Counter) ) 

%%%%%%%%%%%%%%%%%%%%%%% Pitch Calculations %%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Smooth out the pitch - avoid it from going to zero and jumping around during voiced 

speech 
if ( (Pitch(n) == 0) & (Voice(n) == 1) 

%Hold Pitch at previous value 
Pitch(n) = Pitch(n-1); 

end %endif ( (Pitch(n) == 0) & (Voice(n) == 1) ) 

%Set the Pitch to the moving average during unvoiced sections 
if ( (Voice (n) == 0) ) 

%Decay Pitch to a moving avg. 
Pitch(n) = Avg_Pitch; 

end %endif ( (Pitch(n) == 0) & (Voice(n) 0) ) 

%Update the moving average of the Pitch 
Avg_Pitch ( ( ( (n-1) . * Avg_Pitch) + Pitch (n)) . I n) ; 

%%%%%%%%%%%%%%% Moving Average Calculations and LPC %%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Calcualte as long as the last sample has not been reached 
if ((n > lpc_window_size+l) & (n <= length(X))) 

%If the entire window is voiced 
if(all(Voice(n-(lpc_window_size-1) :n)) == 1) 

frequencies 

%1st order LPC formant region calculations ON WINDOWED DATA 
F_lpc = lpc (window.*Y_temp(:, (n-lpc_window_size+l) :n). ',1); 

%convert LPC values into formant frequencies 
F_freq sort(angle(-F_lpc(:,2))/(2*pi))*Fs; 

%Check to see if any of the formant results from the LPC are invalid 

if(isempty(find(isfinite(F_freq) ==0)) == 0) 

%Set all 'NaN' frequencies to the last valid Formant Frequency 
F_freq(find(isfinite(F_freq) == 0)) = Last_F_freq; 

end %endif (isempty(find(isfinite(F_freq) ==0)) 0) 

%Deal with any Negative Frequencies by Decaying to Average 
if (any(F_freq < 0)) 

%Find the Formant frequencies that are less than ZERO 
F_freq_Bad = find(F_freq < 0); 

%Decay Each of the Negative Frequencies 
F_freq(F_freq_Bad) (Last_F_freq(F_freq_Bad) 

(0.002*(Last_F_freq(F_freq_Bad) - Avg_F_freq(F_freq_Bad)))); 

end %endif 

Page 155 



MASc Thesis - Kamran Mustafa McMaster University- Dept. of Electrical and Computer Engineering 

%Update the RMS_Thresholds based on a moving average (within set limits) if 
the sentence is VOICED 

Avg_Y_RMS(:,n) = ((((n-1) .* Avg_Y_RMS(:,n-1)) + db(Y_RMS(:,n))) ./ n); 

%Check to see if any of the formant frequencies are below the Threshold 
Levels 

%If the Formant Frequency is less then the threshold level (moving threshold 
parameter - Avg_Y_RMS) then decay ONLY that formant 

> 900) ) 

> 900) ) 

if (db(Y_RMS(1,n)) < (Avg_Y_RMS(1,n) -6)) 

F_freq(1) = Last_F_freq(1) - (0.002*(Last_F_freq(1) - Avg_F_freq(1))); 

end %endif (db(Y_RMS(l,n)) < Avg_Y_RMS(l,n)) 

if ( (db(Y_RMS(2,n)) < (Avg_Y_RMS(2,n) -8)) (abs(F_freq(2)-Last_F_freq(2)) 

F_freq(2) = Last_F_freq(2) - (0.002*(Last_F_freq(2) - Avg_F_freq(2))); 

end %endif (db(Y_RMS(2,n)) < Avg_Y_RMS(l,n)) 

if ( (db(Y_RMS(3,n)) < Avg_Y_RMS(3,n) - 10) (abs(F_freq(3)-Last_F_freq(3)) 

F_freq(3) = Last_F_freq(3) - (0.002*(Last_F_freq(3) - Avg_F_freq(3))); 

end %endif (db(Y_RMS(3,n)) < Avg_Y_RMS(3,n)) 

if (db(Y_RMS(4,n)) < Avg_Y_RMS(4,n) - 14) 

F_freq(4) = Last_F_freq(4) - (0.002*(Last_F_freq(4) - Avg_F_freq(4))); 

end %endif (db(Y_RMS(4,n)) < Avg_Y_RMS(4,n)) 

%Update the moving average Formant Frequency 
Avg_F_freq = ( ( ( (n-1) .* Avg_F_freq) + F_freq) ./ n); 

else %elseif (all (Voice (n- (lpc_window_size-1) :n)) == 1) %If the entire window is 
NOT voiced 

%Decay the Formant Frequency for ALL formants 
F_freq = (Last_F_freq- (0.002*(Last_F_freq- Avg_F_freq))); 

%Decay the Avg_Y_RMS value based on the current RMS values and the Average 
RMS value. 

if (all(db(Y_RMS(:,n)) > (Avg_Y_RMS(:,n-1) - 5))) 

Avg_Y_RMS (:, n) 
db(Y_RMS(:,n)))); 

else 

Avg_Y_RMS(:,n-1) 

Avg_Y_RMS(:,n) = Avg_Y_RMS(:,n-1); 

(0.002*(Avg_Y_RMS(:,n-l) 

end %endif (all(db(Y_RMS(:,n)) > (Avg_Y_RMS(:,n-1) - 5))) 

end %endif (all(Voice(n-(lpc_window_size-1) :n)) == 1) 

%Limit how close the formants are allowed to come to each other 
%F1 should not get closer than 150 Hz to the Pitch 
if (F_freq(l) < (Pitch(n)+l50)) 

F_freq(l) F_freq(l) + 200; 

end %endif (F_freq(1) < (Pitch(n)+l50)) 
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%F2 should not get closer than 300 Hz to Fl 
if (F_freq(2) < (F_freq(1)+300)) 

F_freq(2) F_freq(2) + 400; 

end %endif (F_freq(2) < (F_freq(1)+300)) 

%F3 should not get closer than 400 Hz to F2 
if (F_freq(3) < (F_freq(2)+400)) 

F_freq(3) F_freq(3) + 400; 

end %endif (F_freq(3) < (F_freq(2)+400)) 

%F4 should not get closer than 500 Hz to F3 
if (F_freq(4) < (F_freq(3)+500)) 

F_freq(4) F_freq(4) + 400; 

end %endif (F_freq(4) < (F_freq(3)+500)) 

%Set the previous formant frequency to the final assignment for the current 
formant frequency 

Last_F_freq ; F_freq; 

%Re-Calculate Formant Filter Parameters 
[B,A] formantfilters(Fs, Pitch(n), [F_freq(1), F_freq(2), F_freq(3), 

F_freq(4)]); 
B B. I; 
A; [A. ';zeros(3,4)]; %To equalize A into a 4 x 4 matrix as well (like B). 

%re-assign Formant Frequency Tracking info. based on the Voicing Detector Info. 
F1 F_freq(1); 
F2 F_freq(2); 
F3 F_freq(3); 
F4 F_freq(4); 

%Frequency movement indicators - update 
F1_Mov(n) F1; 
F2_Mov(n) F2; 
F3_Mov(n) F3; 
F4_Mov(n) F4; 

end %end if (n > lpc_window_size+l) 

%UPDATE WHITE-BAR every 1% 
if (mod(n, (round(length(X_VD)/100))) 0) 

waitbar(n/length(X_VD) ,wb1) 
set(wb1, 'name', ['Voicing Detector- ' sprintf('%2.1f',n/length(X_VD)*l00) '%']) 

end 

end %end for - outter loop 

%Close Waitbar 
close (wb1) 

%Turn warnings back on 
warning on; 

% Remove the extra padded info. form the matrix 
Y; Y temp(:, (filter order+1) :end); 
X; x(:, (filter_orde;+1) :end); 
X VD; X VD(:, (filter order+l) :end); 
Voice; Voice(:, (filter_order+l) :end); 
F1_Mov F1_Mov(:, (filter_order+1) :end); 
F2_Mov F2_Mov(:, (filter_order+1) :end); 
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F3_Mov F3_Mov(:, (filter_order+l) :end); 
F4_Mov F4_Mov(:, (filter_order+l) :end); 
Gender Gender(:, (filter_order+l) :end); 
Pitch= Pitch(:, (filter_order+l) :end); 

%Formant Frequencies 
F = [Fl_Mov; F2_Mov; F3_Mov; F4_Mov]; 

keyboard 

figure 
subplot(5,1,1); 
specgram(X,256,Fs,256,round(0.85*256)) 
[caxis_low_lim caxis_up_lim] = caxis; 
caxis([caxis up lim-80 caxis up lim]); 
xlabel('\bf Time (s) '); - -
ylabel('\bf Frequency (Hz)'); 

McMaster University- Dept. of Electrical and Computer Engineering 

title('\bf Spectrogram of the original signal'); 
subplot(5,2,1); 
specgram(Y (1, :) , 256, Fs, 256, round (0. 85*256)) 
[caxis low lim caxis up lim] = caxis; 
caxis([caxis up lim-BO ~axis up lim]); 
xlabel ( '\bf Time (s) '); - -
ylabel('\bf Frequency (Hz)'); 
title('\bf Spectral region of estimation for the first formant filter'); 
subplot(5,3,1); 
specgram(Y(2, :) ,256,Fs,256,round(0.85*256)) 
[caxis low lim caxis up lim] = caxis; 
caxis([caxis up lim-BO ~axis up lim]); 
xlabel('\bf Time (s) '); - -
ylabel('\bf Frequency (Hz)'); 
title('\bf Spectral region of estimation for the second formant filter'); 
subplot(5,4,1); 
specgram(Y(3, :) ,256,Fs,256,round(0.85*256)) 
[caxis_low_lim caxis_up_lim] = caxis; 
caxis([caxis up lim-80 caxis up lim]); 
xlabel('\bf Time (s) '); - -
ylabel('\bf Frequency (Hz)'); 
title('\bf Spectral region of estimation for the third formant filter'); 
subplot(5,5,1); 
specgram(Y(4, :) ,256,Fs,256,round(0.85*256)) 
[caxis low lim caxis up lim] = caxis; 
caxis([caxis up lim-BO ~axis up lim]); 
xlabel ( '\bf Time (s) '); - -
ylabel('\bf Frequency (Hz)'); 
title('\bf Spectral region of estimation for the fourth formant filter'); 

Formant Tracking Filters 

function [BT, AT] formantfilters(Fs, Pitch, formant_frequencies) 

% FORMANTFILTERS2 
% 
% [BT, AT] = formantfilters(Fs, Pitch, formant frequencies) 
% 
% 
% This function calculates and returns the filter coefficients, BT, AT for a set of 4 
% formant tracking filters. 

% Fs: Sampling Frequency of the signal to be filtered. 
% 
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% PITCH: The value in (Hz) of the Pitch, to be able to add an extra Zero in the Fl 
filter. 
% 
% FORMANT_FREQUENCIES: Each component of this vector contains the locations (in Hz) of 
the 
% formant frequency estimates (pole locations for each of the formant filters) . 
% 
% Each row of the filter coefficients returned (BT and AT) contain the values for one 
% Formant Tracking Filter, so BT and AT both have 4 rows - for 4 different tracking 
filters. 
% 
% THIS FUNCTION CALCULTAES AND RETURNS THE FILTER COEFFICIENTS OF 4 FORMANT TRACKING 
FILTERS 
% SIMULTAENOUSLY! 
% 
% See also FORMANTFILTER COEFFICIENTS, MATRIXFILTER, FILTER, and FILTER2 

% Inputs 
% 
% Fs: Sampling Frequency of the signal to be filtered 
% 
% PITCH: Location in (Hz) of the Pitch for the first Formant 
% 
% FORMANT_FREQUENCIES: Each component of this vector contains the locations (in Hz) of 
the 
% formant frequency estimates (pole locations for each of the formant filters) . 
% 
% 
% 
% Outputs 
% BT: Filter coefficients a 4 x 4 matrix - each row represents one filter 
% AT: Filter coefficients a 4 x 2 matrix - each row represents one filter 
% 
% Author: Kamran Mustafa 
% E-mail: mkamran®hotmail.com 
% 
%Modification List: 
% March 25, 2002 - First Created 
% October 21, 2002 - Started modifications to include an extra AZF at the location of the 
Pitch in the Fl filter 
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Initialize the return variables 
AT zeros(4,2); 
BT = zeros(4,5); 

%Setup the general DTF parameters 
Rp = 0.9; 
K = 1-Rp; %The DC gain 

%set-up the PITCH DTF pole at the location of the Pitch 
FkO = Pitch; 
PO= Rp*exp(j*2*pi*Fk0/Fs); %Location of the pole- Pitch dependent 

%set-up the 1st DTF pole at the first Formant Frequency location 
Fkl = formant frequencies(l); 
Pl = Rp*exp(j*2*pi*Fkl/Fs); %Location of the pole 

%set-up the 2nd DTF pole at the second Formant Frequency location 
Fk2 = formant_frequencies(2); 
P2 = Rp*exp(j*2*pi*Fk2/Fs); %Location of the pole 

%set-up the 3rd DTF pole at the third Formant Frequency location 
Fk3 =formant frequencies(3); 
P3 = Rp*exp(j*2*pi*Fk3/Fs); %Location of the pole 

%set-up the 4th DTF pole at the fourth Formant Frequency location 
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Fk4 =formant frequencies(4); 
P4 = Rp*exp(j*2*pi*Fk4/Fs); %Location of the pole 

%set-up the 4 AZF Parameters 
Rz = .98; 
FlO Pitch; 
Fl1 formant frequencies(1); 
Fl2 formant-frequencies(2); 
Fl3 formant-frequencies(3); 
Fl4 formant=frequencies(4); 

%set-up the Pitch dependent AZF 
ZO = [Rz*exp(j*2*pi*Fl0/Fs)]; %The single zero at the pitch location 

%set-up the first AZF 
Z1 = [Rz*exp{j*2*pi*Fl1/Fs)]; %The single zero location 

%set-up the second AZF 
Z2 = [Rz*exp(j*2*pi*Fl2/Fs)]; %The single zero location 

%set-up the third AZF 
Z3 = [Rz*exp(j*2*pi*Fl3/Fs)]; %The single zero location 

%set-up the fourth AZF 
Z4 = [Rz*exp(j*2*pi*Fl4/Fs)]; %The single zero location 

%FIRST TRACKING FILTER COEFFICIENTS 
%Construct the first formant tracking filter with a pole at the 1st formant frequency 
estimate 
%setup the appropriate all zero filter DC gain values 
KnO 1/(1-Rz*exp(j*2*pi*{(Fl0-Fk1)/Fs))); %The zero filter 
Kn2 1/(1-Rz*exp(j*2*pi*((Fl2-Fk1)/Fs))); %The zero filter 
Kn3 1/(1-Rz*exp(j*2*pi*((Fl3-Fk1)/Fs))); %The zero filter 
Kn4 1/(1-Rz*exp(j*2*pi*((Fl4-Fk1)/Fs))); %The zero filter 
%The overall Filter Function 
PT1 P1; %pole location 
ZT1 = [ZO; Z2; Z3; Z4]; %combine the zero locations 

DC 
DC 
DC 
DC 

gain - for the pitch 
gain 
gain 
gain 

KT1 = K.*KnO.*Kn2.*Kn3.*Kn4; %combine the DC gain terms of the AZF and the DTF 
%Obtain the filter coefficients for the 1st filter 
[BT(1,:), AT(1,:)] = zp2tf_complex (ZT1,PT1,KT1); %Final filter values at this pole 
location 

%SECOND TRACKING FILTER COEFFICIENTS 
%Construct the second formant tracking filter with a pole at the 2nd formant frequency 
estimate 
%setup the appropriate all zero filter DC gain values 
Kn1 1/(1-Rz*exp(j*2*pi*((Fl1-Fk2)/Fs))); %The zero filter DC gain 
Kn3 = 1/(1-Rz*exp(j*2*pi*((Fl3-Fk2)/Fs))); %The zero filter DC gain 
Kn4 = 1/(1-Rz*exp(j*2*pi*((Fl4-Fk2)/Fs))); %The zero filter DC gain 
%The overall Filter Function 
PT2 P2; %pole location 
ZT2 = [Z1; Z3; Z4]; %combine the zero locations 
KT2 = K.*Kn1.*Kn3.*Kn4; %combine the DC gain terms of the AZF and the DTF 
%Obtain the filter coefficients for the 2nd filter 
[BT(2,1:4), AT(2, :)] = zp2tf_complex (ZT2,PT2,KT2); %Final filter values at this pole 
location 

%THIRD TRACKING FILTER COEFFICIENTS 
%Construct the third formant tracking filter with a pole at the 3rd formant frequency 
estimate 
%setup the appropriate all zero filter DC gain values 
Kn1 1/(1-Rz*exp(j*2*pi*((Fl1-Fk3)/Fs))); %The zero filter DC gain 
Kn2 = 1/(1-Rz*exp(j*2*pi*{(Fl2-Fk3)/Fs))); %The zero filter DC gain 
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Kn4 = 1/(1-Rz*exp(j*2*pi*((Fl4-Fk3)/Fs))); %The zero filter DC gain 
%The overall Filter Function 
PT3 P3; %pole location 
ZT3 = [Z1; Z2; Z4]; %combine the zero locations 
KT3 = K.*Kn1.*Kn2.*Kn4; %combine the DC gain terms of the AZF and the DTF 
%Obtain the filter coefficients for the 3rd filter 
[BT(3,1:4), AT(3,:)] = zp2tf_complex (ZT3,PT3,KT3); %Final filter values at this pole 
location 

%FOURTH TRACKING FILTER COEFFICIENTS 
%Construct the fourth formant tracking filter with a pole at the 4th formant frequency 
estimate 
%setup the appropriate all zero filter DC gain values 
Kn1 1/(1-Rz*exp(j*2*pi*((Fl1-Fk4)/Fs))); %The zero filter DC gain 
Kn2 = 1/(1-Rz*exp(j*2*pi*((Fl2-Fk4)/Fs))); %The zero filter DC gain 
Kn3 = 1/(1-Rz*exp(j*2*pi*((Fl3-Fk4)/Fs))); %The zero filter DC gain 
%The overall Filter Function 
PT4 P4; %pole location 
ZT4 = [Z1; Z2; Z3]; %combine the zero locations 
KT4 = K.*Kn1.*Kn2.*Kn3; %combine the DC gain terms of the AZF and the DTF 
%Obtain the filter coefficients for the 4th filter 
[BT(4,1:4), AT(4,:)] = zp2tf_complex (ZT4,PT4,KT4); %Final filter values at this pole 
location 

Gender Detector 

function [gender, avgFO] gender_detector (X,Fs) 

% GENDER DETECTOR 
% 
% gender = gender_detector(X,Fs) 
% 
% This function will use a pitch detection algorithm to decide if the speaker is 
MALE(O) or FEMALE (1). 
% It is designed to work with short speech samples (up to or greater than 50 ms) . The 
function returns a 
% '0' if X contains male speech and a '1' if it contains female speech. 
% 
% X is the speech sample and Fs is the sampling frequency. 
% 
% Note that the function uses an average pitch based approach, where the pitch is 
calculated using an autocorrelation 
% based method (with centre clipping and median filtering) . The method is similar to 
the Pitch estimation algorithm used by 
% Philip Loizou (loizou@utdallas.edu) in COLEA. 
% 
% See also PITCH DETECTOR and TEST PITCH DETECTOR. 

% Inputs 
% X: Speech Signal 
% Fs: Sampling Frequency 
% 
% Outputs 

- -

% gender: Gender of the speaker in speech sample X 
% 
% Author: Kamran Mustafa 
% E-mail: mkamran®hotmail.com or mkamran®ieee.org 
% 
% Modification List: 
% 

%September 17, 2002 - First Created 

Page 161 



MASc Thesis - Kamran Mustafa McMaster University- Dept. of Electrical and Computer Engineering 

% September 18, 2002 - Adapted to work with the Formant tracker over one window length of 
50 ms 
% September 25, 2002 - Modified the function to be able to work independently and retrun 
gender values instead of pitch est. 
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Turn Warnings off 
warning off; 

%Figure out the number of samples in X 
n_samp1es = length(X); 

% Window update rate - Window spacing - 5 ms 
updRate=floor(S*Fs/1000); 

%Window size - 20 ms 
fRate=floor(20*Fs/1000); %Use a 20 ms window 

%Number of frames in this sample 
nFrames=floor(n_samples/updRate)-1; 

%Initialize variables 
avgFO=O; 
f01=zeros(1,nFrames); 
k=1; 
m=1; 

%Calculate over all the frames in the sample 
for t=1:nFrames 

%Make sure that the pitch estimations don't run over the index limits of the sample 
if (k+fRate-1) > length(X) 

else 

%Select the window (20 ms) over which to do the pitch estimation 
X_Win X{(length(X)-fRate) :length(X)); 

%Select the window (20 ms) over which to do the pitch estimation 
X Win= X(k:k+fRate-1); 

end %endif (k+fRate-1) > length{X) 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% Do the Pitch Estimation over one 
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Remove the DC bias 
X Win= X Win- mean(X_Win); 

frame 

%LPF the speech at 900 Hz to remove upper freq. (since Pitch info. will be below 900 
Hz) 

[bfO,afO]=butter(4,900/(Fs/2)); 
X_Win = filter(bfO,afO,X_Win); 

%Perform Centre Clipping and find the Clipping Level (CL) 
i13=fRate/3; 
maxi1=max(abs(X_Win(1:i13))); 

i23=2*fRate/3; 
maxi2=max(abs(X_Win(i23:fRate))); 

%Choose the appropriate clipping level 
if maxi1>maxi2 

CL=0.68*maxi2; 
else 

CL= 0.68*maxi1; 
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end %endif maxil>maxi2 

%Perform Center clipping 
clip=zeros(fRate,l); 
indl=find(X Win>=CL); 
clip(indl)=X_Win(indl)-CL; 

ind2=find(X Win <= -CL); 
clip(ind2)=X_Win(ind2)+CL; 

%Compute the autocorrelation 
RR=xcorr (clip) ; 
g=fRate; 

McMaster University- Dept. of Electrical and Computer Engineering 

%The pitch estimates are limited to being between 60 and 320 Hz 
%Find the max autocorrelation in the range 60 Hz <= FO <= 320 Hz 
LF=floor(Fs/320); 
HF=floor(Fs/60); 

Rxx=abs(RR(g+LF:g+HF)); 
[rmax, imax]= max(Rxx); 
imax=imax+LF; 

%Estimate raw pitch 
pitch=Fs/imax; 

%Check max RR against V/UV threshold 
silence=0.4*engy; 

%Make Voiced/Unvoiced descions 
if (rmax > silence) & {pitch > 60) & (pitch <=320) 

pitch=Fs/imax; 
else 

% It is a unvoiced segment 
pitch=O; 

end %endif (rmax > silence) & (pitch > 60) & (pitch <=320) 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% End of Pitch Estimation per 
Window %%%%%%%%%%%%%%%%%%%%%%%%%% 

%Assign Pitch estimate 
fO(t)=pitch; 

% Do median filtering 
if t>2 & nFrames>3 

z=f0(t-2:t); 
md=median(z); 
f01(t-2)=md; 

if md > 0 
avgFO=avgFO+md; 
m=m+l; 

end %endif md > 0 

elseif nFrames<=3 

disp('# of frames less than 3'); 
fOl(t)=pitch; 
avgFO=avgFO+pitch; 
m=m+l; 

end %endif t>2 & nFrames>3 
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%Put next window 'updRate' appart from where the last one was. 
k=k+updRate; 

end %endfor t=1:nFrames 

%Calculate the avg. pitch estimate for the whole sample X. 
if m==1 

avgFO=O; 
else 

avgFO=avgFO/(m-1); 
end %endif m==1 

%Find Gender (The pitch being used is the avg. pitch - avgFO) 
if (avgFO >= 180) 

else 

%It's female 
gender = 1; 

%It's male 
gender = 0; 

end %endif 

%Turn Warnings back on 
warning on; 
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