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ABSTRACT 
In the paper/poster, a speaker identification method exploiting the envelope of the speech signal 
fundamental frequency waveform (prosody) as a resource of the individual distinctive speaker-
related characteristics is presented. The method is based on spectral analysis of the test 
utterances developed by recording two different texts read consecutively by a set of ten 
speakers (male and female voices). The method involves extraction of the speech signal 
fundamental frequency (Fo) from the recorded speech, determination of the Fo intensity 
waveform within the utterances of given duration time and  statistical analysis of changes in the 
Fo intensity waveform, the changes being treated as the variable. In the Fo extraction process, 
the segmentation of utterances is applied.  After having calculated the statistical parameters for 
the Fo value distribution, two-dimensional speaker’s identification model  in the form of the 
Speaker Identification Area (SIA) is developed for each speaker belonging to the test group. 
Such a model forms ‘a speechprint’ of the individual speaker. Regarding the form of speech 
signals being the would-be inputs in the real speaker identification process, the method was 
tested with the band-limited (70- 1400 Hz) speech signal input. As the identification error rates 
are comparable, the individual speechprints seem to be located in the lower band of the speech 
signal spectrum. 

INTRODUCTION 
Speaker identification process encompasses two stages: 1) catching  distinctive features of the 
speaker’s voice due to which he could be recognized among other speakers, 2) comparing 
these features to the saved reference voice features set. The effectiveness of the system 
performing the identification process depends mainly on adequacy of choice of distinctive 
parameters, i.e. on the fact how the quantitative speech utterance parameters reflect qualitative 
features.  

It‘s worth to underline, that the speech utterances used as the input to the speaker identification 
system (SIS) are always in the form of  the speech signals, i.e. the acoustical speech converted 
into electrical signals. The recorded speech utterances sets are stored and available as 
objective-oriented corpora.  

For speaker identification tasks, speech signal is perceived as a huge resources of data which 
can be exploited, using data mining tools, to extract that which is suspected to contain a 
distinctive  information. It is known, that prosodic features carry information about speaker 
identity. In turn, prosody is marked by acoustic properties: duration, intensity and fundamental 
frequency Fo, and the Fo waveform contour  reflects the intonation profile and is one of the 
main acoustic correlates of prosodic structure (Mohler, 1997).  
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In this work, the  question has been posed: What is the  distinctive value  of statistical 
parameters of changes in the Fo  intensity waveform regarding speaker identification ? What is 
the shortest duration time of the utterance sufficient for performing reliable speaker identification 
based on its statistics?  

To answer the question, the spectral analysis of speech utterances belonging to the specially 
developed corpus has been performed. First, the speech signal waveforrm has been split into 
segments and each segment (frame) were transformed to the frequency domain by the Fast 
Fourier Transform (FFT). Then, the Fo has been extracted from each frame using the tailored 
software, and the Fo(t) waveform was developed. The probability distribution parameters E(X) 
and D(X) for Fo value as the random variable has been found and the 2-dimmensional 
identification reference areas for  each speaker have been plotted.  

The text–independence of the identification method was achieved by including the different 
linguistic content (text in Polish) into the utterances.  

SPEECH UTTERANCES USED IN EXPERIMENTS 
For the purposes of this work, the corpus  consisted of the set of speech utterances has been 
developed. Ten speakers (5 male and 5 female) have read two lexically different texts, Duration 
time of each text reading was 60 seconds. As the length of the utterance segments subject to 
statistical analysis is 20 seconds, the effective number of  independent speech signal sections is 
6 per speaker, and the total number of  speech utterances to be analysed is 60. In effect, the 
resulting text-independence factor has increased.  

The speakers’ age was 20-28 years. Their speech was free from regionalisms and  grating 
individual features which could intuitively simplify the identification. 

The speech utterances were recorded using standard PC equipped with: ESS AudioDrive 
1868/WDM, 44100Hz audio card, High sensitivity MT 380 capacitive multimedia microphone, 
transmission frequency 50Hz-16 kHz, -58dB+3dB,Windows’98 Sound recorder. The sound 
recording quality was CD quality, with  the sound format PCM, stereo, 44100Hz sampling 
frequency, 16 bits. Speech utterances has been recorded on CD and registered as the *wav 
files. 

Calculations and visualizations have been carried out using MATLAB 6.0.software. 

Pre-processing of speech utterances 
In our experiments, the frequencies of the speech signal at the input of the Fo extraction system 
has been limited to the 70 Hz – 1400Hz band. As the fundamental frequency is 70-160Hz for 
typical male voice and 180 – 330 Hz for typical female voice (Sapożkow, 1966), such a 
limitation did not influence  the Fo extraction process. The reason for such band limiting is 
twofold.  First, the rejection of the 50Hz eliminates the threat of an erroneous interpretation of 
the 50Hz/60Hz power network component as the Fo. Such misinterpretation is especially 
probable under programmed Fo extraction conditions. Second, it can uniform both the basic 
frequency band of the tested speech utterances coming from the telecommunication channel 
and the ‘clean’ speech.  Wideband speech coding, using an audio band of 50-7000Hz, 
approved by the International Telecommunication Union (ITU) as a standard for high-quality 
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digital wideband speech encoding, offers major subjective improvements in speech quality as 
compared to traditional narrowband telephone speech (200 – 3400Hz). The low-frequency 
enhancement from 50 to 200Hz contributes to increased naturalness and eases speaker 
recognition. The standard known as Recommendation G.722.2 refers to both Wireless GSM 
and wireline.. Thus, in the near future, the cellular and fixed phones providing G.722 quality 
speech might be expected ([ITU G.722 ( ITU Recommendation, 2002). It will result in the new-
quality speech signal from the telecommunication channel which is the would-be input signal to 
the speaker identification and recognition systems.  

DESCRIPTION OF THE FEATURE EXTRACTION METHOD 
The feature to be extracted using the method is Fo  in the speech utterance. The signal 
sequence, 20 seconds long, has been split into subsequences 20miliseconds long. Each 
subsequence has been transformed into frequency domain by FFT and the first harmonic 
frequency of the obtained spectrum, i.e. Fo, has been extracted. The Fo extraction was 
performed using the program written in MATLAB environment (Zimny, 2002).  

Each sequence 20 second long was analyzed using two methods: adjacent window method and 
overlapping window method. In the adjacent window method, after analysis of the 20ms 
subsequence, the window was shifted by 20 miliseconds to perform next  on the adjacent  
subsequence. As the length of analyzed sequence was 20 seconds and the sampling frequency 
used in recording process was 44100Hz, the number of all samples within the sequence is 
882000. In the overlapping window method, 20 miliseconds window was shifted by 10 seconds 
to perform new measurement. Thus, the number of Fo values obtained in the overlapping 
window method was two times higher than for adjacent windows.  

EXPERIMENT RESULTS 
After completing entire matrix of the Fo parameters, the expected value E(X) and the variance 
D(X) have been calculated, where X denoted Fo as a variable Thus, the described program 
procedure results in the pair of statistical parameters regarding Fo which are the coordinates of 
a point in the [E(X), D(X)] coordinates system.  

Repeating the procedure for six available 20sec utterances per speaker, six different points in 
the coordinates system per speaker can be marked. When connecting the points related to 
particular speaker, the area involving the points related to the Fo probability distribution in his 20 
second speech utterance of this speaker appears. The area obtained in the described 
procedure will be referred to as a Speaker Identification Area (SIA) The [D(X),E(X)] coordinates 
system with the ‘utterances points‘ marked is shown in figures 1,2 and 3. Fig.1 illustrates the 
spread of parameters of the probability distribution of fundamental frequency (Fo) value in 
speech utterances of 10 speakers. E(X) denotes expected value of Fo, D(X) is variance of Fo. 
Each polygon is denoted with a number (1,2 ..etc..) which refers to the same speaker during 
whole speaker identification process. The results shown in Fig.1 and 2 have been obtained in 
the program procedure using 20ms and 50 ms adjacent measuring windows, respectively, 
whereas that presented in Fig. 3 is obtained with 100ms overlapping window. 
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Figure 1. Spread of parameters of the probability distribution  of fundamental frequency 
(Fo) value in speech utterances of 10 speakers. E(X) – expected value of Fo, D(X) - 
variance of Fo . Numbers 1,2 ....10 are identifiers of individual speakers; Window size: 
20ms (adjacent windows)  

 

 

 

 

 

 

 

 

 

 

 

Figure 2 Spread of parameters of the probability distribution  of fundamental frequency (Fo) 
value in speech utterances of 10 speakers. E(X) – expected value of Fo, D(X) -variance of Fo . 
Numbers 1,2 ....10 are identifiers of individual speakers. Window size: 50ms (adjacent windows)  
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Figure 3. Spread of parameters of the fundamental frequency (Fo) value 
probability distribution in speech utterances of 10 speakers. E(X) – expected 
value of Fo, D(X)- variance of Fo . Numbers 1,2 ....10 -are speaker identifiers. 
Window size:100ms (overlapping windows)  

CONCLUSIONS 

After study of graphical presentation of the spread of parameters of the probability 
distribution of fundamental frequency (Fo) value shown in the [E(X),D(X)] coordinates 
system, the following observations can be made: 

-- Areas of the spread of parameters of the fundamental frequency value probability 
distribution  for different speakers have a common region 

- in the spread area defined as Speaker Identification Area and plotted for the individual 
speaker, there exists a region which includes the points corresponding to the Fo values 
exclusively for this speaker 

- Speaker Identification Areas for different speakers are partially overlapping. However, 
the SIA overlapping factor is  low ( varies from 0 to 5 %.). Thus, the SIA is a kind of the 
2D  speaker identification model. 

-  Due to the low  SIA overlapping factor, it can be used as a preliminary tool for speaker 
identification in closed-set speaker recognition. 

- The SIA concept can be  a point of issue for Speechprints development. 
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