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ABSTRACT

Thig paper desciibes a method to extract a speech signal from a
mixed signal of a speech and a harmonic mterference. In this
signal separation problem, one of the mam difficulties iz to

agsign multiple pitches and separated spectra to the speech or the
interference. A new assignment technique iz proposed, which
clazsifies the gpectral envelope of separated harmonic gpectra
using the Gaussian mixture model (GMM). In addition, the
plecewise continuity of pitch (PCP) trajectory 1s mtroduced to
improve the performance. Experimental results revealed that the
new method could aszign the separated spectra to target speech
with 77.65% accuracy. In the separated speech, the interference
was reduced and the segmental SNR wag improved.

1. INTRODUCTION

Human can recognize and understand speech m various noisy
envonments [l]. However, the performance of the speech

recognition system degrades rapidly in the presence of

background noigze. Many techniques have been proposed to
reduce noige and unprove the recognition performance based on
the assumption that noise iz a stationary white Gaugsian or
colored process [2]. But in the real woild, most noises are non-
stationaty and many have a harmonic structure such as
interfering speech or background music. As more and more
speech recognition systems are used in real environments, we
have to deal with more reahistic noises [3].

In this paper, we study the separation of speech from a single
channel mixed signal of a speech and a harmonic interference.
The iszues included in the geparation problem are double or
multiple pitch estimation for the two periodic signals [5][6][7],
separation of a mixed specttum [8], assignment of separated
spectra to a target speech and reconstruction of a target speech
[BI[9]. Among them, the assignment of separated spectra to a
target speech is addressed here.

In the previous wotk on speech separation or interference
reduction algorithmg, double pitch periods were estimated. After
that, with the obtamed pitch mformation, the overlapped
gpectrum 18 separated in time or gpectrum domain using a comb
filter or harmonic analysiz such as harmonic magnitude selection,
gpectral sampling, harmonic magnitude suppression (HMS) [12].
The contmuity of pitch trajectory has often been used to assign
separated spectra to the target signals. This approach assumes
that pitch changes slowly across two congecutive frames. This
shows a reaszonable performance if the estumated pitches are
reliable. Butit 15 difficult to obtam exact pitch values when two or
more periodic signals are added. Furthermore, when the pitch

contours intersect, which commonly occurs in real situations, the
continuity consgtraint becomes very weak [10][L1]. Other
approaches uzed the difference of energy between the two mixed
gources or continuity of the spectral envelope, but they undertake
the similar difficulties in real situations.

To solve the assignment problem, we proposed a method
based on a pattern clazsification approach. The proposed method
uges the Gaussian mixture densities for the two cepstral vector
gpaces of speech and interference. The cepstrum vectors of
speech and mterference are obtamed by the mverse FFT of each
harmonic spectrum followed by extraction of linear prediction
cepstral coefficients. To correctly assign pitches and spectral
envelopes of each frame to target speech or interference, log
likelihoods of the cepstium vectors for the two Gaussian mixture
densities are compared. The segregated speech ig reconsticted
by the IFFT of the harmonic spectrmmn.

Thig paper is organized as follows. In zection 2, the overall
procedure of speech extraction iz explained. In section 3 and 4,
double pitch estunation and the method for the separation of
harmonic specttum are described. Section 5 presents the
proposed assignment algorithm and signal reconstruction method.
In section 6, several experimental results are dizcussed with
conclugions presented in section 7.

2. SPEECH EXTRACTION SYSTEM

Harmonics have played a major role in the zeparation of mixed
pertodic signals such as speech contaminated by interference or
music. The overall procedure of speech extraction is shown m
figure 1. It first finds two pitches nsing the multistep cancellation
model (MCM) fiom each frame [4]. Then it filters out the two
periodicities alternatively with comb filters designed according to
the estimated pitch periods. The overlapped harmonic spectrum 1s
separated by peak picking of the spectra of the filtered residue.
Spectral envelope information represented by the LPC cepstrum
for the resultant two harmonic gpectra are extracted and tested
using the Gaussian mixture model (or the Gausgian mixture
density function) of speech and interference. Then they are
aszigned to each target according to the assignment logic. Finally,
the target speech is reconstiucted by the inverse FFT. Details of
each step will be discuszed in the following sections.



3. DOUBLE PITCH ESTIMATION

There have been many attempts to estimate double or more
pitches when two or more periodic signals are mixed m a sigle
channel. Exact estimation of multiple pitches 12 essential to the
problems such as segregation of a double vowel, separation of
speech and music or musical note transcription. To extract
pitches fiom a simgle speech signal, various techniques have been
developed m tune or frequency domaims such as autocorrelation
function, center clipping, maximum likelihood pitch estimation,
histogram method. It iz much easier to estimate pitch from a
single pertodic signal then from a mixed signal.

In this work, we considered the multistep cancellation model
(MCM) for the double pitch estimation because it iz bazed on
comb filters that will be used m the followmng step of separation
[4]. Let a signal §(¢)be composed of N perodic signals of

period T, .

N
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Suppose that we identified one of the penods, for example T,

Suppose further that, given the information, we know how to
design a linear filter Iy, that can cancel the perodicity. Then we

can apply thiz filter to the mixed signal to remove a periodicity
with period T, without affecting other signals. Thigz can be

expressed as the following equation.
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In this work, a comb filter is used to cancel a periodicity and the
ASDF (average squared difference function) ix used to find a
pitch [4]:

h(t)=8(t)-S8(t—-T,) 3)

T
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The procedure to find double pitches iz as follows. The initial
pitch period from the mixed signal 1 found by equation (4). Tlus
determines a comb filter of equation (3). Usmg this filter, the
periodicity of the first pitch is removed. From the residual signal,
a gecond pitch period ig estimated to form a second comb filter.
Thuis filter 15 agam appled to the mixed signal to find the first
pitch penod agam. The procedure iterates untl it finds two
alternative stable pitch periods. The MCM can be apphed when
there is more than two periodicities.

The preliminary experiments on the estimation of double pitch
usmg the MCM showed ewoneous pitch estimations for weak
periodic signals. Since the main concern in thix paper i

assignment of geparated spectra, the cowrect double pitch
mformation iz given to the separation and the assignment step.

Mixed signal
I

Double pitch estimation
[

Spectrum separation
Assigniment
Signal recongtmetion
[

Target speech

Figure 1. Block diagram of speech extraction svatem

4. SEPARATION OF HARMONIC
SPECTRUM

Given the two pitch periods, the spectrum of a mixed segment is
separated usmg the comb filter of equation (2).

Let the two pitch periods obtained from the previous step be
f, and t,- And let those comb filters related to each pitch period
be ]ql(f) and hz(r‘}. Fust, the mixed signal i filtered by ]ql(f).
Smce the comb filter suppresses the periodic components with
petiod ¢,. a harmonic spectrum ¢, is extracted from the power
specttum corresponding to the period ¢,. The same is applied to
extract harmonic spectum e, corresponding to the period ¢, .
For phage mformation of each separated harmonic spectra, the

phasge of the mixed spectrum is used.

To extract harmonics from the power spectrum, peak positions
are first found and the 7-point window centered at the peak
position 15 compared with a 7-point reference harmonic to decide
whether a harmonic has occurred at the peak or not.

In this way, we obtamed two pitch periods with two harmoce
spectra. At frame f , they are denoted m paus as (flk_e]k).

ko k
(ty.e5).

5. ASSIGNMENT AGORITHM
The information that iz obtamned up to thig step is double pitch
and double spectra from each analysis frame. When (rlk . gf yand

(t;" , e; ) denote pitches and spectra of speech and interference at

frame &, the next problem is assignment of these values to



speech or mterference. Because a pitch period and a harmonic
specttum are paired, the assignment of harmonic spectra
automatically determines the assignment of pitch period.

If an exact estimation of double pitches were posgible, so that
the pitch trajectory was clear for the two harmonic signals, the
approaches based on the continuity of pitch contour might be
ngeful [8]. However, usually when two or more penodicities co-
exigt and the trajectories are cloze or cross each other in the time-
frequency domain, it i difficult to estunate exact values of
multiple pitches. Therefore, the contour of double pitch becomes
noigy with incorrect pitch values and the continwmty constraint
cannot be applicable.

Here, to solve the assignment problem, we propose a new
method that iz baged on pattern clasgification of double spectra.
Given a tramn of double harmonic spectra, for example,
{(e],e}). (el ed),
FFT and obtains a 12" order LPC (linear prediction coefficient)
and converts it to a LPCC (linear predictive cepstral coefficient).
The LPC can be used m the reconstruction step, and the LPCC 1
nged for claszification (or assignment). Let the LPCC sequence

be noted as {_(cll,clz ),(cf.cg ).“‘.(Cf?\’r.cé\f )}

(el el )y, it fust performs the mverse

Even though the estunated pitch trajectory iz noisy, if the two
congecutive pitches are the same, they can be considered as
belonging to the same source. Using this strict piecewise
continuity of pitch (PCP) property, we obtan a sequence of

cepstrum  vectors (= {CI.CE-H.“'.CJ} whose pitches are

coherent. The power of discrimination improves with this
sequence of cepstrum vectors based on the PCP constramt as
shown in the experimental result.

Using Gaussian mixture density functions (or Ganssian
mixture models) for the vector space of speech and interference,
the proposed method compares the likelihood of two cepstrum
vectors and assigns them to speech or a harmonic interference
signal.

Let HS denotes the parameters of the Gaussian mixture model

for speech. Given a sequence of cepsttum  vectors
' =1{c,, ¢y, -, Cy }- the likelihood of & 1s as follows.
M
A A N <
p(C|e,)= Z p(Cl®,.60,)P@,) )
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In the above equation, ¢ = (6,,0,,++,0,,) means that
cepstral vector space of speech is composed of M Ganssian
mixtures. A priori probability P('mj) i# a mixing parameter

which determines the degree of contribution of the mixture to
the likelihood. P(C \ @, HJ) ig the component dengity. With an

assumption that the observation vectors ¢, are independent, the

log likelihood of equation (5) can be expressed as follows.

K
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The likelihood of an observation vector c, 12 as shown m

equationg (7) and (8). The likelihood of a cepstium sequence
about {_—?m of interference can be similarly obtained.
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Let ¢ and ¢, be the two sequences of cepstrum vectors, and
g, and &

assignment logic 1 as shown m Figure 2.

denote GMM for speech and interference, the

Agsignment logic

If p(C 10,) > p(C,|8,) ad p(C,|8,) > p(C, o)1
if p(C,16,) > p(C,|8,) assign (' to speech .
else assign (, to speech

)

ekeif p(C,|0,) > p(C, |6,) ad p(C,|8,) < p(C, |6,)
assign (', to speech .

ekeif p(C,|0,)< p(C,16,) Md p(C, [6,) > p(C,|0,)
assign (', to speech ;

else {
if p(C,18,)> p(C,|6,) assign C, tospeech

else assign ¢

=5

to speech ;

Figure 2. Assignment of spectra to speech or interference

By compamng two likelihood values, we can assign given
observation sequences to their orginal source. The extracted
pitches and harmonic #pectra were uzed to resynthesize the target
gpeech signal by the mverse FFT.



6. EXPERIMENTAL RESULTS

Two kinds of experiments were performed to evaluate the
effectiveness ofthe proposed method. The first one evaluated the
assignment algonthm described m section 4, and the second
tested the performance of the separation system described
figure 1. We zelected 60 zentences fiom a speech corpus uttered
by a professional female announcer. For the harmonic
mterference signal we used two pieces of a classic guitar solo
fiom a commercial music CD. The gpeech and the guitar signal
were gsampled with an 8 kHz sampling rate and the analvzis frame
size was 20 ms.

To evaluate the performance of the proposed assignment method,

two Gaussian mixture models were trained to model the cepstral
vector space of speech and a guitar. For the traming data, 5871
frames of high periodicity were extracted from 30 sentences and
the same number of frames was collected for the training data of
the guitar. In this work, we used the PM (perodicity measure) to
estunate the periodicity of the signal [2]. The frames that have PM
values higher than 3.0 were added to training data. The frames of
speech and guitar were mixed with SNR 0 dB and the gpectrum
of the mixed signal was separated agam according to the

procedure described in section 3 with the saved pitch mformation.

Then, 5871 LPC cepstrum vectors were obtamed and used to
train each GMM. For test data, 2000 frames of speech and the
same number of guitar frames were extracted from the corpus m
the same way as the traming data. The pitch periods were
obtained before mixing and used for the evalmation of assignment
algorithm.

In the results listed in Table 1, the number of the mixtures in the
GMM ig varied and the piecewize continuity of pitches (PCP) was
applied or not applied. Using 8 mixtures for the GMM with the
PCP, we could obtamy a reasonable performance, and the PCP
improved the performances. With 16 mixtures, the performance
wag lowered because the training data does not contain enough
phonemes.

Table 1. Correctness of assignment with or without PCP

2-mix. 4-mix. S-mix. 16-mix.
No-PCP 58.45 5930 59.40 56.25
PCP 08.65 69.85 77.65 65.75

In the zecond experiment, the whole speech extraction algorithm
described m section 2 was tested for 3 speech sentences mixed
with the guitar in various segmental SNR [8]. The proposed
method was applied to the whole utterance without dividing
voiced and unvoiced segments. Table 2 shows that the segmental
SNR was improved in every cases.

7. CONCLUSION

A new aszignment method based on a pattern claszification
approach was proposed for the extraction of a speech from a

harmonic mterference. The proposed method uses GMM for each
gpeech and harmonic interference signal to classify their
separated spectra. Further study iz necessary to examine the
effectiveness of the proposed approach as a front-end for speech
recognition m harmonic noise environments.

Table 2. Performance of speech extraction system

Input Seg. SNR. Output Seg. SNR

-26dB 0.2dB

Sentence 1 -76dB -0.4 dB
-12.6dB -15dB

-40dB -0.3 dB

Sentence 2 -8.8 dB -1.2dB
-138dB -29dB

-26dB -0.1 dB

Sentence 3 -76dB -0.7 dB
-12.6 dB -24 dB
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