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Chapterr 2 

Introductionn to test signals in 

psychoacoustics s 

Inn daily life, the auditory system is exposed to a wealth of acoustical information, 

suchh as music, speech, and warning sounds. Complex signals like speech or music can 

bee unravelled into a number of signal characteristics, such as level, spectral contents, 

temporall  structure, and phase relations. 

Thee exposure level is an essential parameter in assuring audibility. There are 

numerouss possibilities to express the exposure level. In this thesis, the following 

methodss are used: 

1.. dB SPL (Sound Pressure Level); This is a physical measure of the level 

andd is given by: 

dS(SPZ)) = 10Tog10(f ) (2.1) 
Jo o 

wheree IQ is a reference intensity (10~ 12W/m2). 

2.. dB A (A-weighted); This is mostly used for broadband signals. The 

frequenciess are weighted according to the weighting of the ear for medium 

levels. . 

3.. dB HL (Hearing Level); This is defined as the level above the average 

hearingg threshold at each frequency for young, healthy listeners with 'normal' 

hearing. . 

5 5 
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4.. dB SL (Sensation Level); The presentation level of a signal above the 

subjects'' individual threshold of hearing for that particular signal. 

2.11 Deterministic signals 

Thee signals discussed throughout this thesis are sinusoidally amplitude modulated 

(SAM)) signals. Figure 2.1 shows two types of sinusoids: 

1.. the carrier frequency (fc), given by the fast sinusoid in the left panel of Figure 

2.11 with cycle duration [A-B] , 

2.. the modulation frequency (fm), also referred to as envelope. The envelope is 

givenn by the slow sinusoid with offset 1 and cycle duration [A-C] (see left panel 

Figuree 2.1). The dashed sinusoid in Fig. 2.1 is actually a hypothetical one. 

Thee modulation frequency connects the maximum values of the time waveform 

ass if there was a sinusoid. 

modulationn spectrum 

fc-fmm fc fc+fm 

Figuree 2.1: A sinusoidally amplitude modulated signal (SAM) represented in two 
differentdifferent ways. The left panel gives the amplitude (ordinate) of a fully modulated 
(m=l)(m=l) pure tone as a function of time (abscissa). The right panel gives the spectral 
representationrepresentation (abscissa) with the center frequency fc and the two sidebands (fc -
ffmm and fc + f m ) . 
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Thee equation describing this SAM-signal, is given by: 

SAM(t)SAM(t) = (1 +msm(27Tfmt + (pm))sm(27Tfct + (pc) 

== sm(27rfct + 4>c) (2.2) 
VTt VTt 

++  — C0S(27T(/C - fm)t + $c- 4>m) 

vn vn 
++ — COs(27r(/c + fm)t + 0C + <f> m) 

wheree the starting phases of carrier and envelope are given by èc and <pm, 

respectively.. The spectrum of a SAM-signal (right panel Figure 2.1) shows that, 

apartt from the carrier frequency (/c), two sidebands are directly related to the 

modulationn rate (fc - fm and fc + f m ) . The modulation index m determines the 

strengthh of the modulation, by a number between 0 (continuous; unmodulated) and 

11 (completely fluctuating; modulated), and can be calculated using: 

AA — A 
ri-min /n 0 \ 

mimmim = -. —-A (2.3) 

wheree A denotes the amplitude of the envelope. For more complex waveform 

patterns,, the amplitude modulation spectrum can be determined by taking the 

absolutee waveform, followed by low-pass filtering in order to eliminate the fine 

structure,, and a FFT (see Figure 2.2*, after which it is divided by the DC-

component.. For a simple SAM tone, this results in one component in the amplitude 

modulationn frequency domain. This method of extracting the envelope of a signal is 

veryy similar to the extraction by the auditory pathway. A more exact, mathematical 

approachh is given by the Hilbert transform^). For high frequencies, both approaches 

aree similar. 

*Figuree 2.2 is a hypothetical illustration. Carrier and modulation frequencies are generally much 
higherr than illustrated. The cut-off frequency of the low-pass filter in the original STI procedure 
equalledd 35 Hz. 

tSincee each signal (St) can be considered as an analytical, the Hilbert transform (Ht) can be 
determinedd according to : 

11 r+oo Q 
HHtt = - —^—dx (2.4) 

7TT y . oc X - t 
Inn which the signal and its Hilbert transform have the same power spectrum, the same 
autocorrelationn function, are orthogonal and the Hilbert transform of Ht equals -St-
Thee envelope of the (linear) envelope can now be determined using: 

M OO = Y p* r - \fttr \*-D) 

file:///fttr
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Figuree 2.2: Determination of the modulation spectrum for a SAM-wave. Method is 
similarsimilar to the method described by Houtgast and Steeneken, 1973. 

Inn psychophysics, the modulation index is often determined by the amplitude 

waveformm (sinusoidally amplitude modulated signals). However, the modulation 

indexx is also often determined by using the squared waveform. In this case, we 

usuallyy refer to intensity modulation. In that case, the modulation depth is usually 

determinedd using: 

m(dB)m(dB) = 20 log10 TO (2.6) ) 

Inn order to get a better idea of the temporal fluctuations within a signal, the spectrum 

off  the envelope can be determined. 



2.2.2.2. Speech 9 9 

2.22 Speech 

Thee deterministic signals were developed to emphasize specific aspects of important 

signals,, such as speech. Speech can be described by a number of characteristics 

whichh determine the overall waveform. In this section, we will briefly discuss the 

propertiess of speech, which are important within the context of this study. 

2.2.11 Spectral behavior 

Whenn the long term average spectrum of speech (LTASS, Byrne et al., 1994; see 

Figuree 2.3) was studied using speech from 13 different languages and at least 19 

speakerss for each language*, a remarkably high similarity between the speech spectra 

wass observed.̂ The spectra for male (plus-symbols) and female speech (circles) are 

remarkablyy similar between 250 Hz and 5000 Hz. Above 6300 Hz female speech 

containss more energy than male speech, whereas beneath 100 Hz, male speech 

containss more energy than female speech. Figure 2.3 also indicates that most energy 

iss present below 1 kHz and that above 500 Hz the level of the energy decreases as 

thee frequency increases. 

Speechh sounds consist of vowels and consonants. The vowels have a clearly 

pronouncedd spectrum formed by the formantsT The spectra of the vowels largely 

determinee the LTASS, since the vowels contain more power than the consonants and 

aboutt half of the time waveform in normal speech consists of vowels. Consonants are 

usuallyy built up by narrowing or constricting the vocal tract. The transition from 

consonantss to vowels are referred to as formant transitions or co-articulation. In 

orderr to visualize these transitions, the spectogram" is used (see Figure 2.4). Dark 

bands,, roughly horizontal, which correspond to the formants, can be seen. 

*Eng]ish(126);; Swedish(42); Danish(20); German(27); Prench(20); Japanese(27); Cantonese(25); 
Mandarin(21);; Russian(21); Welsh(23); Singhalese(21); Vietnamese(19) and Arabic(20) 

§Inn a small anechoic room, the speaker was asked to read a piece of text, which was recorded 
att a distance of 20 cm from the mouth at an azimuth of 45° incidence, relative to the axis of the 
mouth.. Sound level meters were set to detect the envelope of speech using a fast time constant 
{i.e.{i.e. 125 ms). 

^ thee spectral location of the formants are vowel-specific and the lowest three formants are usually 
beloww 3 kHz. 

III  The spectogram is a valuable tool in visualizing the temporal and spectral contents of a signal. 
However,, it is impossible to get a high resolution on the spectral axis and on the temporal axis at 
thee same time. There is a trade-off between them. 



100 Chapter 2. Introduction to test signals in psychoacoustics 

longg term average speech spectrum (LTASS) 

10000 „ , „ 10000 100000 
Frequencyy (Hz) 

Figuree 2.3: Long term average spectra for male (plus-symbols) and female (circles) 
speech.speech. There is remarkable similarity between both spectra for the frequency range 
betweenbetween 250 Hz and 5000 Hz. Most energy of speech can be found for frequencies 
betweenbetween 500 Hz and 1 kHz. Above 6300 Hz female speech contains more energy than 
malemale speech, whereas beneath 100 Hz. male speech contains more energy than female 
speech. speech. 

Redrawnn from Byrne et al. (1994) 

2.2.22 Temporal behavior 

Duringg the last two decades, an increasing amount of research has focused on the 

temporall  properties of sound. The results indicate that the temporal behavior of 

speechh is important to the perception of intonation, rhythm, and the intelligibilit y 

off  speech. Rosen (1992) formulated a framework for describing the temporal 

informationn in sound by distinguishing between three levels 

1.. Envelope information**; The envelope is referred to as the fluctuations in 

overalll  amplitude at rates below 50 Hz. This is well within the range given 

byy the envelope of speech (Plomp et al., 1984), since the modulation index for 

speechh is reduced to half its peak value at approximately 15 Hz. 

**Thi ss definition of the envelope differs from the one given previously based on the analytical 
signal.. In this definition, the envelope contains both envelope and periodicity information. 
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mm : hij was bezeten van schrijven f :: bij de molen gaan we wat drinken 

0.55 1 
timee (s) 

timee (s) 
0.55 1 

timee (s) 

Figuree 2.4: Spectrograms of a sentence uttered by a male (left) and female (right) 
speakerspeaker with the original time waveform in the upper panel and the spectrogram in 
thethe lower panel. 

2.. Periodicity information; Periodicity is referred to as the fluctuation rates 

betweenn 50 and 500 Hz. Periodic sounds are reflected in the frequency domain 

byy the changes in frequency, leading to a sensation of melodic pitch, which is 

thee main acoustic factor in intonation and accenting syllables. 

3.. Fine-structure information; The fine structure is referred to as the 

variationss between 0.6 and 10 kHz. The fine structure is an important factor in 

thee voice quality, conveys information on the vowel formants, and is important 

too the intelligibilit y of very short consonants. 

Inn the scope of this framework, this study focuses on the envelope. 
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Thee Envelope of Speech 

Speechh can be divided into sentences, which can be subdivided into words. The 

shortestt unit of speech is the syllable, which is formed by vowels or consonants. 

Thee temporal properties of speech, words and syllables can be identified within the 

envelope.. Figure 2.5 gives the modulation spectrum of speech for octave frequencies 

betweenn 250 Hz and 4000 Hz determined by the method described in Figure 2.2 

(Plompp et a l, 1984). Speech consisting of 35 s concatenated sentences was filtered 

usingg 4th order Butterworth filters. For each octave band of carrier frequencies, the 

envelopee was obtained by low-pass filtering at 130 Hz and the envelope spectrum 

wass determined. The resulting envelope spectra for the different octave bands show 

aa more or less similar pattern in which the modulations in the high-frequency bands 

aree stronger than in the low-frequency bands. This is probably caused by the fact 

thatt vowels contain frequencies within this range. Peaks are usually located around 

44 Hz, comparable to the averaged length of a syllable (200 ms). Other typical speech 

segmentt durations such as sentences (0.25 Hz), syllables (5 Hz) and phonemes (12 

Hz)) are also given within the Figure. 

modulationn spectrum for speech 
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Figuree 2.5: Modulation spectrum of speech for octave bands ranging from 250 Hz to 
44 kHz. 


