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Abstract: This paper describes an algorithm which

enables harmonic and noise splitting of the glottal .

excitation of voiced speech. The algorithm utilizes a h(n) m@(D
straightforward harmonic and noise splitter which is L sonper

utilized prior to glottal inverse filtering. The results aa

show improved estimates of the glottal excitation in A e | e | e
comparison to a known inver sefiltering method. viz) i oo e
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Fig. 1: Main block diagram of glottal harmonic-nmis
splitter. Signals s(n), h(n) and r(n) denote, retpely,

the speech signal and its harmonic and noise coemtsn
Signals g(n), gn) and gn) denote, respectively, the
glottal excitation, and its harmonic and noise
components. V(z) denotes the vocal tract transfer
function. IAIF denotes the glottal inverse filtegin
algorithm [6].

|. INTRODUCTION

Since the glottal volume velocity waveform serves a
the source of (voiced) speech, it has an essawoiilin
the production of several acoustical phenomena sisch
the regulation of vocal intensity [1], voice qualf®], the
production of different vocal emotions [3] and w®ic
pathologies detection related to vocal fold changés
Therefore, accurate analysis and parameterizatidgheo  filter is used in order to cancel the effects of thocal
glottal pulseform is beneficial in several areaspéech  tract from three signals: both from the harmonia an
science including both healthy and disordered wite noise components obtained from the harmonic-noise
this paper, two techniques are combined to yield ansplitter, and from the original speech pressureef@wn.
algorithm that estimates the harmonic and noiseBy further canceling the lip radiation effect usiag
components of the glottal pulse. These techniquesintegrator whose transfer function is simply givbn
decompose the signal into a harmonic and noiseH(z)=1/(1-0.997), three glottal signals are obtained: the
component and gives rise to better glottal pulse glottal pulse harmonic component, the glottal pulsise
estimations. This new algorithm was tested withtlsgtic component, and the glottal pulse, which are denated
and natural voices in order to characterize therélgm Fig. 1 by g(n), g(n), and g(n), respectively. Equations

behavior against an acoustic diversity. (1) to (4) express the resulting signals in Fig. 1.
s(n)= h(n)+ r(n) 1)
Il METHODS g(n) = v(n)D£ (MO[h(n)+ r(n)] ®)
A. Algorithm overview g(n)= v(n)¢(nN)Dh(nx* v(n¢ (nQ r(n (3)
The main goal of the study is to develop an albanit g(n)=g, (n)+ g (n) 4
that splits the waveform of the estimated glotiaflav The parameters/(n) and £(n) denote the impulse
into a harmonic and a noise component. The blockresponse of the inverse model of the vocal tradt lan
diagram of the method is shown in Fig. 1. radiationeffect, respectively. Equation (1) represents the

First (block 1), the speech pressure signal isddidi  harmonic-noise model, which serves as the basishor
into a harmonic and a noise component [5]. Secondlyharmonic-noise splitter. Inverse filtering is regeated by
(block 2), the obtained harmonic component of the equation (2). Equations (3) and (4) show that tldtay
speech signal, denoted by h(n) in Fig. 1, is usecira  excitation consists of harmonic and noise companent
input to glottal inverse filtering which yields astimate The harmonic-noise splitter is based on a modéhef
of the vocal tract inverse filter (an FIR filtedenoted by ~ harmonic structure of speech, which is parameteérine
V(z) in Fig. 1. Inverse filtering is computed with frequency, magnitude and phase [5]. The block diagr
previously developed automatic algorithm, Iterative of the harmonic-noise splitter is depicted in Fig.
Adaptive Inverse Filtering (IAIF) [6]. Thirdly, thiFIR In the first stage (block 1), the time domain input
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(LF) model [10]. The fundamental frequency FO was
varied from 100 Hz up to 400Hz with an incremenfLof
Hz, in order to mimic both male and female speéa.
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R(k)@ each pitch, several vowel instances were generayed
lobFT varying HNR from 9 dB up to 21 dB with an increment
of 1 dB. The HNR is acquired as:

r(n) h(n)

E
Fig. 2: Block diagram of the harmonic-noise sptitte HNR =10x |0910[E—h) (6)

signal is transformed into the frequency domaimgisin
Odd-Discrete Fourier Transform (ODFT) [7]. ODFT is
obtained by shifting the frequency index of the dbése

Fourier Transform (DFT) by half a bin: Gobl [11] in order to involve three different phoioa
N-1 —2Mdn ) types (breathy, normal and pressed). The vocal fiftey
X (K)=>x(me ™ 7, k=01..,N was adjusted to synthesize the vowel [a] (F1= 664 H
=0 F2=1027 Hz, F3=2612 Hz). All the data were generate
where the time-domain input signal is denoted by) X( ysing the sampling frequency of 22.05 kHz.
and the frame length is N. If x(n) is real, thisduency In the second experiment, a databtss included 39
shift makes the DFT samples abava perfect mirror (in systained waveforms of the vowel [a] uttered by 13
the complex conjugate sense) of the DFT samplleswbe  sypjects (7 males, 6 females) using breathy, noandl
n. A peak picking algorithm is used to estimate the pressed phonation was used. The data were samijtred w
harmonics of the ODFT amplitude spectrum. Next, the 22 050 kHz and a resolution of 16 bits. From these

frequency, magnitude and phase of each harmonic argjgnals, the most stable segments with duratid®06fms
extracted (block 2) [7]. These parameters are tiseni to  \yere selected for the voice source analysis.

synthesize the spectrum of the harmonic structéithe

E, and E denote, respectively, the energy of the harmonic
component and the noise component of syntheticcepee
The values of the LF model were selected accortting

input signal s(n) (block 3). The spectrum of each . RESULTS
individual sinusoid is synthesized using the partense _ ) o
extracted from that harmonic. A. Experiments with synthetic voices
The synthesized harmonic structure is subtractmah fr This section presents the results that were oldcioe

the signal s(n) and the result is regarded as #i8en  gynthetic voices when the glottal source was esticha
component. The spectra of both components aresaver ity |AIF and the proposed method. The NAQ errod an
transformed in order to get time-domain represemat  pH12 error were determined separately for each
for the components (blocks 4 and 5). phonation type. In order to compress the resuletaf
B. Performance assessment ranges were defined for FO and HNR and the indalidu
_ ) ~ values obtained inside these ranges were pooledheqg
Experiments were conducted by using both syntheticror Fo, the following three ranges were used: 100-2
and natural vowels. The estimated glottal excifatio pz 210-300 Hz, and 310-400 Hz. The first two range
waveforms ~were parameterized with two known ¢orrespond to typical pitch used by males and femal
parameters: the Normalized Amplitude Quotient (NAQ) respectively. The third range represents FO valiyisal
and the difference (in dB) between the amplitudes t in yoices produced by children. For HNR, the foliogy
first and second harmonic (DH12). The NAQ parameter yhree categories were used: 9-15 dB, 16-21 dB22r2i7
is a time-based parameter that is extracted fd glttal — gB. The first of these is typical for pathologicatices
pulse and it measures the pressedness of phorfadion  yhjle the second is characteristic to normal spgé2h
the ratio of the peak-to-peak flow and the negafigek  The |ast HNR range is related to voices which agali
amplitude of the flow derivative [8]. The DHI12Z perigdic with a small amount of noise, such assthging
parameter is a frequency domain quantity and itswe®s  ypjce [13]. For each phonation type, the results ar
the decay of the voice source spectryd]. Both — organized in tables that show the performance oQNok
parameters are independent of time and amplitudes.sh  pH12 for the selected FO and HNR ranges.

The relative error was used for NAQ since this pagter Tables 1 and 2 show that the proposed algorithidsie
is a time-domain quantity that is typically measlian smaller DH12 errors for all the FO and HNR
the linear scale and the absolute error was usedd2  compinations analysed from pressed vowels. The mean

because this parameter is typically expressed énd®  NAQ error was smaller with the proposed method also
scale. for all the FO and HNR combinations except for éhre



cases (FO ranges 210-300 Hz and 310-400 Hz combinediz combined with the HNR ranges of 16-21 dB and 22-
with HNR range of 16-21 dB; FO range 310-400 Hz 27 dB; FO range of 210-300 Hz combined with HNR
combined with HNR range 22-27 dB). range of 22-27 dB).

Table 1: NAQ mean relative error (in percentaga) fo Table 5. NAQ mean relative error (in percentage) fo
IAIF and the proposed method in the analysis ofqed IAIF and the proposed method in the analysis oting

synthetic voices. synthetic voices.
FO (H2) IAIF HNR (dB)  Prop. Meth. HNR (dE FO (H2) IAIF HNR (dB)  Prop. Meth. HNR (dB)
9-15 16-21 22-27 9-15 16-21 22-27 9-15 16-21 22-27 9-15 16-21 22-27
100-200 27,8 14,8 22,6 13,0 11,2 155 100-200 56,9 37,0 16,5 258 11,6 12,0
210-300 52,8 275 756 21,2 384 604 210-300 77,9 68,2 239 46,9 179 133
310-400 64,7 68,9 131,3 559 101,1 151,0 310-400 83,8 80,7 458 54,4 316 189

Table 2: DH12 mean absolute error (in dB) for |Alfd Table 6: DH12 mean absolute error (in dB) for |AlfRd
the proposed method in the analysis of pressechefat  the proposed method in the analysis of breathyhsyiat

voices. voices.
FO (H2) IAIF HNR (dB;  Prop. MethHNR (dB; FO(H2) IAIF HNR (dB)  Prop. MethHNR (dB)
9-15 16-21 22-27 9-15 16-21 22-27 9-15 16-21 22-27 9-15 16-21 22-27
100200 46 14 08 10 05 04 100-200 9.8 46 24 53 51 43
210-30014,3 36 40 47 24 20 210-300 32,8 243 45 157 67 55
310400 15,0 151 7,8 123 47 59 310-400 21,0 28,2 133 208 91 57

Tables 3 and 4 indicate that the proposed method In summary, the results obtained for the synthetic
yielded smaller errors for all the FO and HNR range  vowels show that the proposed method yields smaller
the NAQ measurements in modal phonation. mean NAQ and DH12 errors for the majority of the
sounds analyzed. In particular, we highlight thhe t
proposed method yields improved estimation accuiacy
conditions with large amount of noise and for hmtch
voices. This accuracy improvement depends on the
phonation type being more pronounced for modalesic

Table 3: NAQ mean relative error (in percentagea) fo
IAIF and the proposed method in the analysis of ahod
synthetic voices.

o (4 IAIF HNR (dB)  Prop. MethHNR (dB}

(Hz) 9-15 16-21 22-27 9-15 16-21 22-27

100-200 38,2 21,3 9,3 142 8,0 4,7
210-300 68,9 38,2 16,7 24,4 114 10,8
310-400 68,5 545 36,5 383 240 280 Results computed from natural speech are showmein t
form of time-domain waveforms by involving both the
Table 4: DH12 mean absolute error (in dB) for |AlRd harmonic and the noise component yielded by thesinov
the proposed method in the analysis of modal syiethe inverse filtering method.

B. Experiments with natural voices

voices. Figures 3 and 4 show waveforms computed from
IAIF HNR (dB) Prop. Meth. HNR (dE utterances produced by a male and female speaker,
FO (Hz) 9-15 16-21 22-27 9-15 16-21 22-27 respectively. From both of these figures one casenle
100200 7.2 09 08 16 14 0.7 that the harmonic component is smoother than totadl

210-300 15,7 64 3,8 54 10 L9 ﬁﬁglthaatllt?c?nsV;?;/erig:rgreslgnt ?r?dtggnﬁarrlr?&icfrceoq;;gﬁy
310-400 94 163 11,9 169 4,0 2.9 and the noise component indicates amplitude
For the DH12 error, the proposed method vyielded perturbations at the instants of glottal closure.

larger distortion than IAIF only in two cases (Fhge of

100-200 Hz combined with the HNR range of 16-21 dB; IV. DISCUSSION
Eg éaBr;ge of 310-400 Hz combined with HNR range-of 9 Results obtained with synthetic voices show that th

proposed method improves the estimation of thetajlot
Tables 5 and 6 show results from breathy voices tha waveform. The harmonic component given by the new

are in line with those observed for modal phonatibe  algorithm is a more accurate estimate of the dlstiarce

mean NAQ error is smaller for the proposed mettard f because the method is able to suppress the infuehc

all the FO and HNR categories analysed and the mearoise which is always present in natural speech,

DH12 error was also smaller with the proposed atigor particularly in pathological voices. The behavidrboth

in comparison to IAIF for all the FO and HNR algorithms was tested as a function of the noigel land

combinations except for few cases (FO range of 20D- fundamental frequency. The proposed method also



noise produced in the speech production process. In
addition, the noise component estimated by the gzeg
method can be used in speech technology in order to
improve the naturalness of synthetic speech.
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