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Abstract

Phase processing has been replaced by group delay prarésssime extraction of source and
system parameters from speech. Group delay functionsldrehfved when the transfer function
has zeros that are close to unit circle in gkdomain. The modified group delay function addresses
this problem and has been successfully used for formant ambpitch estimation. In this paper,
modified group delay functions are used for multipitch eation in concurrent speech. The power
spectrum of the speech is first flattened in order to annénillaé system characteristics, while
retaining the source characteristics. Group delay arsmlysithis flattened spectrum picks the
predominant pitch in the first pass and a comb filter is usedtey Hut the estimated pitch along
with its harmonics. The residual spectrum is again analjaethe next candidate pitch estimate in
the second pass. The final pitch trajectories of the comstitspeech utterances are formed using
pitch grouping and post processing techniques. The pedioce of the proposed algorithm was
evaluated on standard datasets using two metrics; pitalvane and standard deviation of fine
pitch error. Our results show that the proposed algorithenpsomising pitch detection method in
multipitch environment for real speech recordings.
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1. Introduction

In speech and music research, robust pitch detection isdafoantal problem which finds many
applications in day to day life. Pitch is the auditory atiitidd of a sound that allows its ordering on
a frequency related scale. The rising and falling of pitchtoars help in conveying prosody in
speech and in tone languages, determine the meaning of W@xésham, 2012). A detail review
on various monopitch estimation algorithms can be seen iH€45, 1983; Rabiner etal., 1976;
Gerhard| 2003). Pitch detection algorithms can be broddlsdied into methods which operate
in time domain, frequency domain, or both. The most commaisid time domain approaches
are autocorrelation function and average magnituéferdince function. In the frequency domain
approaches, locating harmonic peaks is the key step in nidlseé @lgorithms|(Schroeder, 1968).
Studies show that in tonal languages, the relative pitchanaif an utterance contributes to the
lexical information contained in a word unit (Gerhard, 20®/e cannot ignore the pitch infor-
mation during recognition in such instances. A majorityted pitch tracking methods are usually
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limited to clean speech and give a degraded performance jprésence of other speakers or noise.
When a combination of speech utterances from two or moreksepeare transmitted through a
single channel, pitch cues of the individual sources wilaakened by the presence of mutual in-
terference. In such ambiguous situations, estimatingeherate pitch tracks is a challenging task
and currently is far from being completely solved, desgite attempts of several state-of-the-art
approaches.

The multi-pitch estimation problem can be formulated atofes (Christensen et al., 2008):
Consider a signal consisting of several, $gysets of harmonics with fundamental frequencigs
fork=1, ... K, thatis corrupted by an additive white Gaussian naigg, having variancer?, for

n=0,...,N-1,i.e,
K L

Xl = > > agel™ + wfn] (1)
k=1 1=1

wherea, = A e/’ is the complex amplitude of tH& harmonic of the source withy > 0, ¢y
being the amplitude and the phase of Eidarmonic of thek™ source respectively. The model in
Equation[(1) is known as the harmonic sinusoidal model. @bk to estimate the individual pitch
estimatesuy in the mixture signal. The estimation of the fundamentadjdiency, or the pitch of
audio signals has a wide range of applications in Computatiduditory Scene Analysis (CASA),
prosody analysis, source separation and speaker idetiifiq@e Cheveigne, 1993; Murthy and
Yegnanarayana, 2011). In music also, multipitch estinmaianevitable in applications such as the
extraction of “predominank,’(Salamon and Gomez, 2012), computation of bass line (Gotb a
Hayamizu, 1999), content-based indexing of audio datab@®® Li et al., 2003) and automatic
transcription/(Ryynanen and Klapuri, 2008). Note that titeractive music applications demand
highly robust real time pitch estimation algorithms in apacts.

2. Related work

Numerous methods have been reported for multipitch esomat speech and music (Li et/al.,
2008; Nishimoto et al., 2007; Wu and Wang, 2003). The cogr@m based algorithm proposed by
Wu et al. (Wu and Wang, 2003) uses a unitary model of pitch perceptastimate the pitch of
multiple speakers. The input signal is decomposed intobgutzs using a gammatone filterbank
and the framewise normalized autocorrelation functioroimputed for each channel. The peaks
selected from all the channels are used to compute a likadilod pitch periodicities and these
likelihoods are modeled by a Hidden Markov Model (HMM) to geatte the pitch trajectories. A
subharmonic summation method and a spectral cancellagomeivork is used in the co-channel
speech separation algorithm proposed bgtlal. (Li et all,[2008). Multi-pitch trajectory estimation
based on harmonic Gaussian Mixture Model (GMM) and nonlikkdman filtering is also pro-
posed for multipitch environments (Kameoka etlal., 2004bgonstrained GMM based approach
on the platform of information criterion is attempted|in $Rimoto et al., 2007).

In a polyphonic context, the overlap between the overtohdsfi@rent notes and the unknown
number of notes occurring simultaneously make the muttipistimation a diicult and challeng-
ing task (Badeau et al., 2007). The algorithms used in pagmghenvironment for pitch tran-
scription include auditory scene analysis based methodsHiKo and Tanaka, 1993; Mellinger,
1991), signal model based Bayesian inference methods!(@0fd), unsupervised learning meth-
ods (Smaragdis and Brown, 2003; Virtanen, 2006) and ayditardel based methods (Klapuri,
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2008; Tolonen and Karjalainen, 2000; Wu and Weng, 2003). ukiitary scene analysis based
methods, acoustic features and musical information are iesgroup the sound sources present in
a scene, while signal model based methods employ pararsiggnial models and statistical methods
to transcribe the pitch tracks. Unsupervised learningrtiegles include independent component
analysis, non-negative matrix factorization, usage of@specific prior knowledge and sparce
coding. In auditory model based methods, a peripheral ihganiodel is used for the intermediate
data representation of the mixture signal, followed by guidity analysis and iterative cancella-
tion. Multi-pitch estimation in music can be used to extraantous information such as number of
simultaneous sounds, spectral envelopes and onsé¢obfiset time of notes. If the pitch of a sound
can be determined without getting confused by other co+oitusounds, the pitch information
can be used to organize simultaneous spectral componenkefoproductionl(P.Klapuri, 2001).

Although the pitch is based on timing, it is hardly exploitied pitch estimation, primarily
because phase appears to be noisy owing to the wrappingproldin the other hand, group delay
function that preserves the properties of the phase can fleieed. Group delay functions are
poorly behaved when the signal is nonminimum phase. The freddjroup delay function was
proposed in/(Yegnanarayana and Murthy, 1992.) to addrésssue. In this paper, this idea is
extended to multipitch analysis. We propose a phase bagedl girocessing algorithm as opposed
to conventional magnitude based methods to retrieve theidhl pitches in concurrent speech.
The phase spectrum has to be first unwrapped before any ngéalranalysis can be performed.
The advantage of the group delay function instead of thegojasctrum is that it can be computed
directly from the signal. Hence the problem of unwrappinghef phase spectrum can be solved.

The primary motivation for this work arises from the appiiocas of the group delay function
in estimating sinusoids from noise (Yegnanarayana andiyiit992.). The algorithm starts from
the flattened power spectrum. The modified power spectrunbednought as a sum of sinusoids.
This is then subjected to modified group delay processingtimate the pitch components present
in the speech mixture by iterative estimation and cangefiatGroup delay based pitch extraction
for a single voice is described in (Yegnanarayana et al.1)199

The outline of the rest of paper is as follows. Secfibn 3 @rplgroup delay functions and
modified group delay function briefly. The theory of pitchelgton using modified group delay
functions is described in Sectibh 4. In Section 5, the pregaystem for multi-pitch estimation is
discussed in detail. Sectidh 6 discusses the dataset ahdtwa metrics followed by results and
analysis in Sectiohl 7. Thefectiveness of a variant of group delay feature is explainegeiction
[8. Conclusions are finally drawn in Sectiagn 9.

3. Group-delay functions and modified group delay functiongMODGD)

Signals can be represented irffdrent domains such as time domain, frequency domain, z-
domain and cepstral domain. In_(Murthy, 1991), it was sholat signal information can be
represented by group delay functions, one derived from thgmtude of the Fourier transform and
the other from the Fourier transform phase.

Consider a discrete time signgh]. Then
X(€") = X(e})|e/ o) 2)

whereX(e') is the Fourier Transform (FT) of the signdh] and argi(e')) is the phase function.
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The group delay functiom(el*) is defined as the negative derivative of the unwrapped Epuri
transform phase with respect to the frequency.

T(ej“’) - _W (3)

From Equation[(2)
argX(e")) = Im[log X(e")] (4)

Using Equation[(3) and Equationl (4), the group delay fumctian be computed directly from the
signal as shown below (Oppenheim and Schafer,|1990):

- ddlog(x(e")))

() = I o

(5)

X(€1) Yr(€!) + Yi (€)X (€) (6)
IX(e)]

where the subscripR andl denote the real and imaginary pa§e/) andY(el*) are the Fourier
transforms of x[n]and nx[n] respectively.

It is important to note that the denominator tejige’)|? in Equation [6) becomes very small
at zeros that are located close to the unit circle. This mékegroup delay function very spiky
in nature and also alters the dynamic range of the group dsgdagtrum. As the spikiness of
the group delay function has no role to play in soysgstem characteristics, the computation of
the group delay function is modified such that the source gatés characteristics are not lost.
The spiky nature of the group delay spectrum can be overconmrefdtacing the terniX(el“)| in
the denominator of the group delay function with its cepistsamoothed versiorS(e’“). The new
function obtained is referred to as the modified group delagtion in the literature. The algorithm
for computation of the modified group delay function is désexl in (Hegde et al., 2007) and is
given as

7(e*) =

XR(€1)Yr(€1) + Yi (€)X (€) (7)
S(e)P

where S(el*) is the cepstrally smoothed version ¥fel“). The algorithm for the computation

of MODGDF is given in|(Murthy and Yegnanarayana, 2011). Twewrparametersy andy are
introduced to control the dynamic range of MODGDF such thai< 1 and O< y < 1. Modified
group delay based algorithms can be usiéeotively to estimate system and source characteristics
in speech processing (Murthy and Yegnanarayana, 2011).

Tm(€?) =

4. Theory of pitch detection using modified group delay fundbns

The vocal tract system and its excitation contribute to theepe and the fine structure respec-
tively of the speech spectrum. The periodicity of the soumeifests as picket fence harmonics in
the power spectrum of the signal. If the vocal tract inforioratan be suppressed, the picket fence
harmonics are essentially pure sinusoids. The modified pspectrum can be thought as a sinu-
soidal signal. In the literature, it was shown that the medifiroup delay function is quitdfective
in estimating sinusoids in noise (Yegnanarayana and Muft@92.). High resolution property of
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Figure 1: (a) Composite noisy signal, (b) Magnitude spectrum of a &afm) Group delay corresponds to
frame in (b), (d) Modified group delay corresponds to framébin

modified group delay (Murthy, 1991; Hegde, Rajesh IM., 2085xploited in all those cases to
resolve the spectral components. For instance, consideisg composite signal shown in Figure
[d(a). FiguréL(b) shows its magnitude spectrum. Even thalbglgroup delay is spiky in nature
(ref:-Figurel1(c)), spectral components are well resolivethe MODGD feature space in Figure
[d(d). The monopitch estimation based on group delay fundscexplained inl(Murthy, 1991).
The process is illustrated in Figuré 2 using the plots oleiim the intermediate steps. A frame
of speech is shown in Figufeé 2(a). The flattened spectrumeottiresponding frame is shown
in Figure[2(b). Peaks at multiples of fundamental frequemcan be observed in thODGD
plot shown in Figurél2(c). The peak in the MODGD feature spacthe range corresponds to
[Pmin, Pmax 1S mapped to the pitch estimate. The estimated pitch ti@jg@long with reference for
an entire speech utterance is given in Figure 2(d). The myte evaluation shows that the group
delay based approach is at par with any other magnitude lzggedaches (Murthy, 1991).

The proposed method is an extension of the aforesaid préeesslitipitch environment. In
the case of multiple speakers, the flattened power spectantaios the excitation information
of all the speakers. For instance, consider ziensform of impulses separated by and T,
corresponds to the excitation components, then

E@Q=1+zT+z"t+7z%To 477 (8)
The power spectrum of the source is given by

EQE'@ = @+ 2™ + 2™ + 27 + 7)1 + Z° + 2t + Z° + Z™) (9)
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Figure 2: (a) Frame of a speech (b) Flattened power spectrum (c) Peakse IMODGD feature space (d)
Pitch estimated for the entire utterance with reference

Substitutingz = e,

| E(el”) P= 5+ 4cosfuTo) + 4 cosfwT1)+
2C0S(W2T,) + 2¢c0S(w2T1) + 2cos(Ty — 2T1))+
2 cos@(Ty — 2Tp)) + 2cos(2(Ty — Tp))) + 2cosw(T1 — Tg)) (10)

By restricting to three impulses per frame and evaluatiegitbwer spectrum on the unit circle
as above and introducing a parametgwe have

| E(ej“’) 1 = (3+ 2(1+ coswTy) + coswT1) + cosw(Tp — T1))” (12)

where O< y < 1. The parametey controls the flatness of the spectrum. Thus the signal is a
sum of sinusoids with frequencies that are integral muiglf & .7, X+ and few combinations.
If the spectral components corresponding to the periodicpament are emphasised, the problem
of pitch extraction reduces to that of the estimation of sgids in the frequency domain. We now
replacew by n andT,, T; by w,, w; in Equation [111) and remove the dc component to obtain

a signal which is ideally a sum of sinusoids corresponds titaion components present in the



mixture.

gn] = cosfiw,) + cosfiw,) + cosn(wy — wg)
+ cogN2w,) + cosf2w;)..
n=0,1,23...N-1 (12)

This signal is subjected to modified group delay processimigh results in peaks at multiples of
the partials present in the speech mixture. The proceduratothis peak locations to constituent
pitch trajectories is explained in the next section.

5. Proposed system description

The block diagram of the proposed system is shown in FigurAs3seen in the Figure, the
power spectrum of the speech signal is first flattened usipgtad smoothing technique to an-
nihilate system characteristics by retaining the exatatnformation. In the mixed speech, the

* Mixed speech
Flattened Prominent
MODGD  f==p
Power —> Computation Pitch
Spectrum Estimation
| Remove the partial
and o
Harmonics '
Grouping
. and
Pitch Contour Post Processing

Figure 3:Block diagram of the proposed method

flattened spectrum consists of excitations of both the sggeakThe flattened spectrum is frame-
wise analysed usinylODGD algorithm described in Sectidd 3. As discussed in the Se@io
peaks can be seen in thdODGD feature space at locations corresponding to the multidled o
the pitch components and its few algebraic combination® [dbation of the prominent peak in
the range corresponds B, Pmay in the MODGD feature space is mapped to the candidate pitch
estimate in the first pass. In the second pass, the estimabtddgemponent and its harmonics
are annihilated from the flattened power spectrum. Thendbielual signal will be traced for the
second frequency component usM@DGD analysis. In the post processing phase, pitch grouping
followed by removal of pitch outliers results in the finalghttrajectories. The subsequent sections
describe these steps in detail.



5.1. FIR comb filtering

Once the prominent pitch is estimated from the flattenedtgp@cin the first pass, next we
aim at the estimation of the second pitch candidate. In therskpass, the estimated pitch and its
partials are removed from the flattened spectrum using a d¢itte Comb filters are widely used
in many speech processing applications such as speechcemhant, pitch detection and speaker
recognition|(Jin et al., 2010), (Laskowski and Jinn, 200M)e FIR comb filter transfer function is
given as :

—D
H(z)_m_1+az (13)
whereD is the pitch periodg a constant anX(z) , Y(2) represent the-domain representation of
input and output respectively. Magnitude response of timecfilter is

| H(€) |= V(1 + @?) + 2a coswD) (14)
The basic structure of the comb filter and its responses awrsin Figure[4. In the proposed
approach, comb filter is used to annihilate the predominantdmental frequency component
obtained in the first pass from a composite flattened powestspa which constitutes multiple
excitations.

For the instance, consider a speech mixture of two syntBpgech signals witti, s 200 Hz
and 280 Hz. Modified group delay function computed for a sgtithmixture frame is shown in
Figure[®. In Figuré5(a), blue color plot is the MODGD obtalrie the first pass. The peaks in
MODGD feature space, correspond to the pitch candidateepten the speech mixture and its
integral multiples. In the first pass, the prominent pealh@aMODGD feature space is mapped to
first pitch estimate followed by the annihilation of it frometthe residual spectrum. The red color
contour in Figuré 5(a) is the comput&tbDGD for the second pass. The individual pitch tracks
computed through the aforesaid steps are shown in Figueafifbg with references. Similarly,
another real audio mixture example is shown in Fidure 6. fieiga) shows th®1ODGD plot for a
real audio frame and in Figuké 6(b), pitch estimates of thiBasegment are shown. The modified
group delay functions obtained in the first pass and in thersgpass are illustrated in the figure.
It is obvious from the figure that the peak corresponds to teedgminant pitch computed in the
first pass is annihilated during the second pass.

5.2. Pitch trajectory estimation by grouping

At the end of the pitch estimation phase, two pitch cand&lpts frame are computed. In the
pitch grouping stage, these candidates are grouped ineztvaes which comprise continuous,
smooth individual tracks. A more heuristic approach forugiag is the use of high-low crite-
ria. Since pitch crossing is not considered, out of two caaigis per frame high pitch values are
grouped into one trajectory and low values to other.

Dynamic programming based pitch grouping can also be eredloin that case, the relative
closeness of the distance between peaks in two consecudivee$ is used to compute optimal
path. Transition cost is computed as the absolufier@ince in distance between the current and
previous frame. The optimal path is selected by minimizhegtransition cost across frames using
back tracking approach. The transition cGgfc;/c;-1) between the pitch candidatesandc;_; of
consecutive frames is given as (Veldhuis, 2000)

Ci(cj/cj—1) =ILj = Lj—1 | (15)
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Figure 4:Comb filter structure with its magnitude and phase responses

wherelL;, Lj_; are peak locations in consecutive frames. The dynamic anegring algorithm
finds an optimal pitch sequenog (.cy) with candidates; in the first andcy, in the M frame in
a block by minimizing the transition cost function(Veldku2000). Transition co§tC(c;...cy) of

pitch candidates; to ¢y is computed by

=M
TC(Cy...Cn) = Z Ci(ci/Ci-1) (16)
i=2

The optimal sequence of pitch markers is determined by backing from the candidatg, in the
M™ frame in a block to its starting frame. If the pitch detectadgorithm computes any spurious
candidate, the dynamic programming may result in erronptals tracks. The proposed algorithm
is implemented using the first approach and form pitch castby ensuring continuity.

5.3. Postprocessing

The accuracy in pitch estimation is improved by a post preicgsstage. In this stage, first task
is to identify the segments where one or no speaker is pregendft threshold on spectral flux
is employed to identify these segments. The spectral fluxisputed as the squaredigrence
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Figure 5: (a) MODGD on the Flattened spectrum for a frame (b) Pitchaetéd for the mixed synthetic
speech

between the normalized magnitudes of the spectral disioitisiof adjacent frames.

N/2

Fr= > (04IK = X a[K]lY? (17)
k=1

whereX,[K] is the magnitude spectrum vector for ki€ subband of framea. Segments which are
detected as single speaker frames in the voicing detedizge $s processed again for monopitch
estimation using th®1ODGD algorithm. If the pitch estimated follows a path, estimatequences
are plugged into to the already formed contour by continciitgck.

As part of smoothening the curve, stray values will be rerddwe framing rules to refine the
pitch contour, thus minimizing the erroneous pitch estesatFor example, lef; and f.,; be the
pitch candidates of consecutive frames in a pitch track #fiegrouping stage. If;,, lies outside
the range [f; - o, fi+ p ], this is treated as a spurious pitch estimate and will berpadlated using
previous and successive pitch values (Radfar et al.,| 204/&)use linear interpolation for identi-
fying missing pitch frequencies; however other interpolatechniques such as cubic or spline in-
terpolation could be used. This simple bffeetive technique reduces the pitch error considerably.
Note that missing pitch frequencies should typically notriierpolated for segments correspond-
ing to 40 msec or longer for typical speech statistics (Raeifal.,l2011). The thresholdis set
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Figure 6: (aMODGD plot for a frame in first pass (blue) and residual spectrum)(fer a real speech mixture, (b)
Presence of stray values in the pitch contour are markeddleci

heuristically to 10 Hz. A typical example is shown in Figli®)6 The circled part indicates the
presence of two stray values in the middle of a continuougecufhe estimated pitch trajectories
for a speech mixture with cross gender pattern is shown iarEi@. Figurél7(a) shows the initial
pitch estimates and Figuré 7(b) shows the individual pitefettories after post processing. The
pitch trajectories estimated using Vet al. algorithm (D.L.Wang et all, 2003) is also shown in
Figurel7(c) for the same speech mixture. A detail analyste®fesults can be seen in the Section
[7.

5.4. Pitch extraction in noisy and reverberant environment

The presence of noise and reverberation in speech poses pnaidems even in monopitch
estimation. For noise corrupted speech, both the time-doperiodicity and spectral-domain
periodicity are distorted and hence the conventional gtimation fails to certain extent (Huang
and Lee, 2013). Group delay domain representation of spee&ks it relatively immune to noise
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Figure 7: (a) Initial pitch estimates for a speech mixture (b) Findtlpitrajectories estimated using the
proposed algorithm (c) Pitch trajectories estimated ugitwyB algorithm

when compared to that of the short-time magnitude specitgade et al.. 2007; Yegnanarayana
and Murthy, 1992.). For instance, consider the noisy sigfrlas the output of the autoregressive
processs[n], corrupted with Gaussian noiggn], i.e

X[n] = 9n] + w[n] (18)

Group delay analysis of an autoregressive process in a moigiyonment is given in (Yegna-

narayana and Murthy, 19922.transform ofg[n], ignoring the &ects of truncation of the response
of an all-pole system is given as

S@2) = GATQ)Z) (19)
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whereE(2) is the z transform of the excitation sequermfe] and G/A(2)is the z transform of
the all-pole system corresponding to the autoregressiaeegs. From Equations (18) and|(19)

GE(@ +W(@A>Z) V(@

X2 = AQ) ~AQ

(20)

In group delay domain,
x(w) = 1v(w) — TA(W) (21)

As explained in|(Yegnanarayana and Murthy, 1992.), theensgkes intx(w) can be sup-
pressed by multiplying with the estimated zero spectrumis Tésults in an estimate of x(w)
which corresponds to the spectral component in the congsigibal. Thus group delay based ap-
proach is very ffective in analyzing frequency components of a compositeasig the presence
of noise. Room reverberation adversefieat the characteristics of pitch and thus makes the task
of pitch determination more challenging. It causes dedgradaf the excitation signal due to the
received speech signal because of the involvement of anfiltiee which characterizes the room
acoustics/(Jin.and Wang, 2010). In reverberant environsnéimé speech signal that reaches the
microphone is superimposed with multiple reflected versiointhe original speech signal. These
superpositions can be modeled by the convolution of the rvopulse response (RIR), that ac-
counts for individual reflection delays, with the origingegch signal (Allen and Berkley, 1979).
Mathematically, the reverberant spee¢h] is obtained as the convolution of speech siggal
and room impulse responbf] (Thomas et al.l, 2008).

r[n] = gn] = h[n] (22)

Room impulse response is described as one realization oh&tationary stochastic process in
Schroeder’s frequency-domain model (Jot et al., 1997) as

h[n] = b[n]e™", for n>0 (23)

whereb[n] is a centered stationary Gaussian noise, amlrelated to the reverberation tinie.
A typical room impulse response used for the experiment @svehin Figure[8. The proposed
algorithm is also analysed in a reverberative conditiongisimulated impulse reponse.

Amplitude

.01t l
0 M Wil
-0.01+

0.01 0.02 0.03 0.04 0.05 0.06
Time(sec)

Figure 8: Room Impulse Response
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Table 1: Category of mixtures for Dataset:1 and 2

Category Speech data

MalgFemale, FemalEemale, MalgMale
Maleg'Female, babble noise
MalgFemale, white noise
Male/Female with reverberation

A WN P

6. Evaluation

6.1. Evaluation data set

In the proposed work, focus is given to the multipitch estioraof speech mixture with two
speakers. The performance of the proposed algorithm whsadgd using following datasets:-

e Dataset-1: The dataset consists of 40 audio files obtainadixing a subset of utterances
from_the Pitch Tracking Database of Graz university of Tedbgy (PTDB-TUG) (Petrik
et al.,[2011), Childers database and a few audio samples $rionpléAll speech corpora
(Suni et al., 2014). The PTDB-TUG consists of audio recagdiwith phonetically rich sen-
tences from TIMIT corpus. The TIMIT corpus consists of dalsentences (labeled ag),
phonetically-compact sentences (labeled®@sand phonetically-diverse sentences(labeled
assi). SimpléAll corpora consists of audio samples frorffelient languages.

e Dataset-2: GRIDL(Cooke et al., 2006) is a large multitalkettiavisual sentence corpus to
support joint computational-behavioral studies in spegetteption. The corpus consists
of high-quality audio and video recordings of 1000 sentersmoken by each of 34 talkers
(18 male, 16 female). A subset of 40 audio files are used foerg¢ing mixtures for the
evaluation.

In the experiments, each audio mixture is processed usiagariing window of frame length
of 30 ms and hop size of 10 ms. As shown in Table 1, the intarée® are classified into four cat-
egories by considering clean and noise conditions. Thes#aitzontains audio files of cross gender
(malgfemale) and same gender (femédenale, malgnale) patterns . The test was conducted
mainly on O dB target-to-masker ratio (TMR) which is consetethe most diicult situation in
co-channel speech segregation problem as both talkeriyemaesk each other. In category 2 and
3, speech is obtained by mixing the category 1 speech daktabalbble noise (5 dB SNR) and
white noise (10 dB SNR). Category 4 interferences commgisihsimulated reverberant speech
utterances. The performance is also evaluated with speedhrengenerated by clean voices of
cross gender pattern witht8dB and -3dB Target to Masker Ratio(TMR).

Reverberant speech is generated using simulated roomtexsousing a MATLAB implemen-
tation (Lehmann and Johansson, 2008) from the image modken(And Berkley| 1979). The
model produces the room impulse response (RIR) when fed @ dimensions, wall reflec-
tion codticients and physical locations corresponding to sound ssuand the microphone. The
simulation is done for reverberation tirnigy = 200ms.
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Table 2: Comparison of Accuracy (Dataset:1)

Category Accuracy(in%) Accuracyo(in%)

MODGD WWB JIN MODGD WWB JIN
Male-Female 88.52 77.95 81.99 8458 76.71 81.04
Female-Female 85.28 64.54 72.00 75.02 60.78 70.31
Male-Male 80.53 66.24 72.41 73.58 66.01 70.01
Male-Female,Babble noise 84.68 60.56 76.90 72.12 60.174373.
Male-Female,White noise 78.04 63.11 77.59 73.13 62.97 176.2

Male-Female with reverberation  74.01 73.08 81.15 63.05 7(0r2.80.28

Table 3: Comparison of Accuracy (Dataset:2)

Category Accuracy(in%) Accuracy(in%)

MODGD WWB  JIN MODGD WWB JIN
Male-Female 87.88 79.58 79.95 82.65 78.92 78.95
Female-Female 78.99 7717 77.30 7486 76.74 76.81
Male-Male 74.39 50.92 73.50 65.76 50.84 73.08
Male-Female,Babble noise 77.40 57.29 74.09 70.00 56.257472.
Male-Female,White noise 65.68 66.96 72.66 58.73 66.34 471.6

Male-Female with reverberation  73.30 64.44 79.00 68.00 064.78.38

6.2. Evaluation metrics

The performance is evaluated only for voiced frames. Thereeice frequency of an unvoiced
frame is considered as 0 Hz. To evaluate the performanceradlgarithm, requires a reference
pitch contour corresponding to the true individual pitche ¥dmputed the reference pitch of clean
speech using Wavesurfer (Ref, 2015). The guidelines fduatiag the performance of monopitch
estimation can be seen In (Rabiner et al., 1976). Since #nengo generally accepted guidelines for
the performance evaluation in the case of multipitch tnagkive extended the guidelines of single
pitch tracking. The performance is quantitatively ass@dse measuring two types of metrics:
accuracy and standard deviation of the fine pitch erges
The metrics are defined as follows,

e Accuracy. AccuracyoandAccuracyg correspond to the percentage of frames at which pitch
deviation is less than 10% and 20% with respect to the reterezspectively. A gross error
occurs if the detected pitch is not within the specified thods with respect to the reference
pitch.

e Standard deviation of the fine pitch errors (Es): The standard deviation of the fine pitch
error is a measure of the accuracy of the pitch detectiomgwaiced intervals. The standard
deviation of the pitch detectiam, is given as:

Te= Vi (P P - & (24

where ps is the standard pitchy; is the detected pitch\ is the number of correct pitch
frames ancis the mean of the fine pitch errais given as:

e= 2 > (ps- 1) (25
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7. Analysis and Discussions

The performance of the proposed algorithm was evaluatetgpiy on speech mixtures, speak-
ing simultaneously with equal average power. Three pattesame gender (M, F/F) and cross
gender (MF) are considered for the evaluation. In addition to therclspeech condition, the
performance is also evaluated in noisy and reverberantittomsl WWB algorithm (D.L.Wang
et al.,[2003) and Jiet al. algorithm (Jin and Wang, 2011) are used for the objectivepanriaon
in performance evaluation. The algorithm of Wu, Wang, anovBr is referred to as the WWB al-
gorithm. WWB algorithm integrates a channel-peak selaati@thod and Hidden Markov Model
(HMM) for forming continuous pitch tracks. WWB frameworkmoputes final pitch estimates in
three stages: auditory front-end-processing, pitchssiedil modelling and HMM tracking. Jiat
al. algorithm, designed specially to tackle reverberant risesimilar to WWB algorithm but
different in channel selection and pitch scoring strategy. Afitexy front-end and a new channel
selection method are utilized to extract periodicity feasuin Jinet al. algorithm. In (D.L.Wang
et al., 2003} Jin and Wang, 2011), half of the corpus is usedtionate the model parameters and
thus supervisory in nature. Another important fact aboatdkperiments reported in (D.L.Wang
et al.,[2003) is that they are focused on speech mixturesam¢éhdominating speaker. Both this
algorithms report considerable amount of transition arrar which pitch estimates of speaker-1
are misclassified as the pitch estimates of speaker-2. Fareimparison, the WWB and Jat al.
algorithm outputs are grouped in the post processing stagesure no transition error is occurred
(Jin.and Wang, 2011).

The grouping is done using a similar approach proposed idféR&t al., 2011). We consider
each track as a cluster of data and the mean of each clustep@sentative of that cluster. Let
gl = (o, ..., P, . 0™P-D} be theq" track (or equivalently cluster) with leng®. Then the
mean of theg™" cluster is defined am9 = ,%(Zgj) w®™P). For the two-speaker case, pitch tracks
are classified into two groups (I and Il), one belonging tohesgeaker. To do this, mean of the
first segment in each track is computedM$ and M? respectively. Then successive segments
are grouped into one of the tracks by assessing the closeh&swith M* and M?* by fixing a
thresholdk.

The results obtained through quantitative evaluation iated in Table§12 E17. Tablg 2 ahd 3
compare the pitch accuracies with 20% and 10% toleranceatasdt-1 and dataset-2 respectively.
The results can be used to analyse the performance of theggdsystem in clean and noisy
conditions with samfeross gender speech mixtures. In clean conditions, theopeabgroup delay
based system outperforms the other two systemstahalgorithm and MODGD algorithm show
a neck to neck performance giving slight advantage to MOD@ddesn. Another important point
we noticed in the experiment is that WWB algorithm fails tokpdbne of the pitch estimates in many
frames. The proposed method reports accuracies of 84.58%265% within 10% tolerance for
dataset 1 and dataset 2 respectively in clean mixtures. iBy monditions, Jiret al, algorithm
shows good performance especially in reverberant comdititi is worth in noting that, in babble
and white noise conditions, MODGD system is at par with timeefial algorithm and also shows
a superior performance over WWB algorithm. In same gendgture patterns, if the pitch values
are too close, the performance of the proposed algorithrfiestad due to the filtering operation.
In the proposed group delay based system, both noise andesmiiroduce zeroes that are close
to the unit circle in thez domain (Murthy, 1991; Hegde, Rajesh|M., 2005). The fundaaien
difference is that source zeroes are periodic while noise zareegperiodic. This is the primary
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reason why the proposed algorithm extracts pitch in theyneiwironment. Even though in the
anechoic condition, the proposed system and WWB algoritiaidipng competitive performance,
in reverberant environment, the performance of the prapegstem is poor as compared to WWB
algorithm. Tablé ¥ and/5 compare the standard deviation efitth errorE;s) for dataset-1 and
dataset-2 respectively. WWB algorithm and diral. algorithms giveE;s in the range 2-4 Hz across
the entire interference categories while the proposedisihgo reports slightly highe¢s in the range
3- 5.5Hz. Finally, we have done analysis on varying the TiagMasker Ratio (TMR) in the clean
conditions. The results are tabulated in Tdble 6 and Tdblh&.analysis shows a similar trend in
the performance of both MODGD algorithm and &inal algorithm. A considerable variation in
accuracy is reported in the case of WWB algorithm as TMR edriem -3dB to 3dB, but for the
other two algorithms, the variation is not that much sigaific When it comes to fine pitdb;s,
the variation over dierent TMR is minimal as compared to equal TMR situation.

Table 4: Comparison df;s corresponding té\ccuracyy (in Hz) (Dataset:1)

Category E¢s
MODGD WWB JIN
Male-Female 4.80 1.81 3.12
Female-Female 5.43 2.12 4.05
Male-Male 4.82 152 2.75
Male-Female,Babble noise 5.40 2.17 3.47
Male-Female, White noise 5.47 2.01 3.82

Male-Female with reverberation 4.98 2.87 3.76

Table 5: Comparison dE s corresponding té\ccuracyy (in Hz) (Dataset:2)

Category Ets
MODGD WWB JIN
Male-Female 3.48 159 2.37
Female-Female 3.77 2.17 3.28
Male-Male 3.65 1.43 2.45
Male-Female, Babble noise 3.86 1.61 2.64
Male-Female, White noise 4.27 1.91 3.1

Male-Female with reverberation 4.34 255 3.00

Table 6: Comparison of accuracy in various TMR:Database:1

Category WWB JIN MODGD
Accuracyo(in%) Egs Accuracyg(in%) Ejis Accuracyo(in%) Ejs
Male-Female 0dB 76.71 1.81 81.04 3.12 84.58 4.80
Male-Female -3dB 72.90 1.80 79.65 3.74 83.32 4.93
Male-Femaler3dB 79.40 1.71 82.21 3.42 85.52 4.85

8. Source-MODGD cepstral features in estimating number of geakers.

In literature, many multipitch estimation algorithms stkom the estimation of number of
speakers. In (Kameoka et al., 2004b), a frame independenésgs is described, that gives good
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Table 7: Comparison of accuracy in various TMR-Database:2

Category WBB JIN MODGD
Accuracyo(in%) Egs Accuracyg(in%) Ejis Accuracyo(in%) Ejs
Male-Female 0dB 78.92 1.59 78.95 2.37 82.65 3.48
Male-Female -3dB 71.02 1.73 76.71 2.05 82.72 3.46
Male-Female+3dB 74.37 1.61 77.61 2.10 82.26 3.49

estimates of the number of speakers dgsl with a single-frame-processing. The algorithm
explained in(Kameoka et al., 2004a) detects number of gomauspeakers based on maximum
likelihood estimation of the model parameters using EM atgm and information criterion. In
the work proposed by S.Vishnubhota al(Vishnubhotla and Espy-Wilson, 2008), the temporal
evolution of the 2-D AMDF is used to estimate the number ob&pes present in periodic regions.
The proposed method can also be extended to speech mixtilrenwie than two speaker, if the
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Figure 9: Two dimensional visualization of SMCC features for a singppeaker and a speech mixture using
Sammon mapping

information regarding the number of speakers is availafdlbe iterative cancellation steps are
determined by the number of speakers present in the mix@ueexperiments show that a variant
of group delay feature; SMCC (Source-MODGD Cepstral festuderived from the flattened
spectrum can befigciently utilized to estimate the number of speakers. Siheanodified group
delay function behaves like a squared magnitude responsetifiland Yegnanarayana, 2011),
homomorphic processing approach can be employed to comeatified group delay spectra to
meaningful features. The filter bank analysisM@DGD of the flattened power spectrum followed
by DCT results in the proposesiMCCfeature.

Steps to compute Source-MODGD Cepstral fioent features are summarized below

e Frame blocking the speech signal at a frame size of 20 ms andefishift of 10 ms. A
hamming window is applied on each frame.

e Speech power spectrum is flattened using the spectral gnektained by cepstral smoothing
to annihilate the system characteristics.
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Table 8: Confusion matrix for Multipitch Environment Tagl§P-1 denotes speech with single speaker, SP-2 denotes
speech mixture with two speakers and so on). Class wiseamcig given as the last column entry.

SP-1| SP-2| SP-3| SP-4| %
SP-1| 26 0 0 0 | 100
SP-2| 2 20 3 1 77
SP-3| O 5 17 4 65
SP-4| 0 3 8 15 | 58

e Apply MODGD algorithm on the flattened power spectrum to compute modifiedp delay
function of the smoothed spectrum.

o Apply filter-bank on modified group delay, (k) to get the Filter Bank Energies (FBES).

e ComputeDCT of log FBESs to get th&MCCfeature vectors.

A multi- dimensional scaling technique, Sammon mappingMJSammon, 1969) is used to
visualize the separability of SMCC features in Figure 9. 8&m mapping is a non-linear map-
ping of high dimensional feature vectors to low dimensisce based on gradient search. In
the figure, SMCC features computed for a single speaker |&Pd a speech mixture (SP-3) are
plotted. In the proposed method, 20 dimensional SMCC featectors are computed in the front-
end using the steps described above. A Gaussian Mixture IMG#4M) based classifier is used
in the classification stage. The feature vectors computad the training set are used to build
models for one-speaker case, two speakers case and so oof. XBGtfiles available in the dataset,
60% files are used for training and the rest for testing. 12pmment Gaussian mixture models
(GMM) are used in the modellingftierent classes of the speech mixtures. During the testinggpha
the classifier evaluates the likelihoods of the unknown cipeeixture data against these models.
The model that gives the maximum accumulated likelihoocedated as the correct match. The
performance of the aforesaid feature was evaluated on lspetures generated by the subset of
GRID dataset (Cooke et lal., 2006). The results are tabustedconfusion matrix in Table 8. The
overall accuracy is 75 %. All the single speaker test utieearare classified correctly. The results
show that the proposed feature is a promising one in estignaumber of speakers in a mixed
speech.

9. Conclusion

A phase based approach for multipitch estimation is preskintthis paper, yielding competi-
tive performance as compared to other state of the art apipesa In the proposed algorithm, the
power spectrum is first flattened in order to annihilate thetesy characteristics. The flattened
spectrum is processed usim@DGD algorithm to estimate the predominant pitch in each frame in
the first pass. Then the estimated pitch and its harmonicllt@red out using comb filter. In the
second pass, the residual spectrum is again analysed bsirggdup delay algorithm to estimate
the second candidate pitch. The pitch grouping stage felblay the post processing step results
in final pitch trajectories. The performance of the propoakpbrithm was evaluated on speech
mixtures with cross gender (Female, Male), same genderg{Male, Femalg-emale) patterns on
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versatile datasets. The remarkable point in the proposédaaés that the proposed method is an
unsupervised approach using phase information. It doegeqatre pre-training on source models
from isolated recordings. The problem of estimation of nemtf speakers in a speech mixture
is also addressed using a variant of group delay featurec8MODGD Cepstral Cdicient fea-
tures and evaluated the performance using a subset of GRI£0The results obtained in the
multipicth experiments show that the proposed algorithipranising one in multipitch environ-
ment for real audio recordings.
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