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Abstract

Forensic speech usually suffers from noise, distortion, interfering sounds, and other signal
processing challenges that can impede proper analysis. The most common enhancement issue for
forensic speech only could remove amplitude spectrum of background noise from the record. This
paper proposes a new two-dimensional speech enhancement method which adopts parallel Wiener
filter array in fractional Fourier transform domain to remove amplitude spectrum and phase spectrum
of background noise. Theoretical analysis and experiments are conducted and the experiment shows
that it has significantly superior Signal-to-Noise ratio over wiener filtering under the colored noise
and white noise. It has wide application prospects in forensic speech recognition and speaker
recognition.
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1. Introduction

Over the past 40 years, the field of speech forensics [1] involves many topics such as speech
recognition, speaker identification, and speech enhancement. R. C. Maher discussed the progress of
the audio forensics technology in 2009 [2], In the same year, J. P. Campbell and others analysis and
discussed the forensic speaker recognition [3].The two papers summarize audio forensics of the past
forty years which also promote the further development of forensic speech research and point out the
forensic speech enhancement should not only remove background noise but also preserve underlying
phoneme. However, current technology of speech enhancement [4] only could reduce the amplitude
spectrum of background noise but the phase spectrum of noise was reserved usually[5].

Speech enhancement in forensic audio recordings remains a challenging task. Forensic audio signals
typically suffer from noise, distortion, even artificial manipulation, all of which impede effective
proper analysis. Poor placement of the recording device and wind interference are typical examples of
interference. Most forensic speech enhancement only aimed at amplitude spectrum of the noise. Y.Lu,
S.D.Kamath and P.C.Loizou proposed the enhancement techniques of spectral subtraction [6][7].
Dynamic time warping and wavelet theory have been used in the forensic speech enhancement [8] to
improve the processing results.

V.Namias calculated the Fractional Fourier Transform (FRFT) by using the Hermite polynomial in
1980, which put forward a definition of FRFT for the first time [9]. L.B.Almeida, H.M.Qzatkas [10]
etc. found out that the FRFT of signal of & order corresponds to axr/2 angle in its time-frequency
surface. By selecting the appropriate fractional factor, we can achieve the best separation of speech and
noise in the fractional Fourier transform which correspond to reducing the amplitude and phase
spectrum of noise, Therefore we could accumulated enhanced speech in the fractional Fourier
transform of multiple & to obtain the purpose of reducing the amplitude and phase spectrum of noise
coinstantaneously for best & was different in every speech frame.

The paper will first discuss the feasibility of reducing the phase noise in the fractional Fourier
transform domain. Then it’ll discuss the theoretical limit in noise reduction in fractional Fourier
transform domain. Finally, it proposes a two-dimensional fractional Fourier transform scheme for
speech enhancement.

2. Two-dimensional filtering algorithm in Fractional Fourier transform domain
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Due to the fact the recording of speech evidence is often obtained in a poor recording environment
and often the speakers are in a movement position while the recording is taking place. So Interference
and fading are usually time-varying and non-stationary which could not be eliminated directly from the
frequency domain. The introduction of fractional Fourier transform theory provides a new and flexible
way to achieve the best voice and interference noise separation, and to further reduce the fading effects.

2.1. Analysis of phase noise in Fractional Fourier transform domain

Assume the recorded signal x(#)composed of source signals s(¢) and additive background noise
n,(t):
x(t) = s(€)* h(t) +n, (¢) M

Currently, most noise reduction algorithms transform x(t) into other domain, such as Fourier
transform domain. And it is assumed that the noise is stationary noise to obtain the estimation of the
amplitude spectrum of voice multiplied by the phase spectrum of noise and voice, and then inverse
transform them to time domain to obtain the enhanced speech.

Let 0, (w)=6,.(0)+A0(w),
S(@) =| S(e) | exp (=0, (@) 5 S(@) | (=10, () exp(—jAO()) o
For the sake of simplicity, assume that the amplitude spectrum noise reduction algorithm can

, so that:

produce the estimate consistent with the original clean speech. That is | S' (w) |9 S(w)
3’((0) =S(w)exp(—jAO(w)) . l9x (), QS () is part of the noisy speech phase spectrum of

clean speech. A@(w) is the interference and noise caused by phase error. Applying inverse Fourier
transform:

= §(t) * IDFT(exp(— jAO(@))) = §(t — 7(2)) 3)

7(t) is the delay, equation (1), (3)shows that due to channel characteristics and noise , not only does

the amplitude spectrum of speech signal estimated exist errors, but also the noisy phase spectrum
introduces random delay in the time-domain waveform. Therefore, It should reduce the amplitude
spectrum and phase spectrum of noise.

The fractional Fourier transform algorithm defined by Namias [7] is represented by equation:

S, () = F*(s(1))

N +00 2 2 .
1/1]¢J[Clj.e)(p ju ! cota — ]‘ut s(t)dt a#nr
2 7 2 sina

= s(1) a=2nr 4)
s(—t) a=Q2nt)r

where a = prr/2,0<| pl<2.

To obtain the fractional Fourier transform of S (w) :

. 1—jcota ¢ (u’ +w’)cosa—2um A
§ (= [FL [ ;L@ S(@)dw B
a+> 2r 1, 2sina

Substitute (3 ) into (5) and denote AQ(@) = dw , O is the random variable with a small mean

value :

. 1—jcota f (W +w*)cosa—2uw ,
$ L= —L24] exp[f( X Js(a’)exp(ﬂ&t’)da) ©)
a+’ 2r 2 2sina
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. osina
Let u =u+ T , therefore :

(u)—exp[ (5 sinacosa u'é‘cosaﬁ 1- ]cotaj ( (U’ )c.osa 2u' ij(a))da)

8 2 2sina
(7
According to the superposition property of the fractional Fourier transform,
[ &%sin2a udcosa Ssina
(W) =exp| j| = - S Llut+——) ®)
z 16 2 a” 2

Comparing with equation (2) (3), we can conclude: the frequency domain phase noise A@(@) in a

fractional Fourier domain is transferred into amplitude spectrum. This indicates phase spectrum and
amplitude spectrum in fractional Fourier transform domain are interchangeable. So we could reduce
phase spectrum of noise by reducing the amplitude spectrum in fractional Fourier transform.

2.2. Speech enhancement in two-dimensional Fractional Fourier transform domain

It has been shown in the last section that amplitude spectrum and phase spectrum of a recorded
signal in the fractional Fourier transform domain are interchanged. Therefore phase noise elimination
can be achieved in the time domain by the reduction of amplitude spectrum in fractional Fourier
domain.

Consider time-domain stationary random noise #(¢) with mean o, .
Applying the fractional Fourier transform, there are:

E[N(u)] - E{ Fg?“’tfexp(j (u’ +t22);§2 a- Zut]n 0 dt} )

-0

Substituting E[n(¢)] = J,, into the above equation, it follows

1- ]cotaJ. (u +t*)cosa —2ut

E[Nw)]= ¢, dt
2sina

=] EINW)] = 6, (10)
Equation (9), (10) shows a stationary time-domain signal 72(¢) is no longer a stationary random

process after the fractional Fourier transform, but its amplitude spectrum of the signal remains
stationary. It is feasible that complicated algorithm may be applied to the forensic speech enhancement,
because that processing is not necessarily real-time.

With the foregoing analysis, speech enhancement can be modeled as follows:

The source signal s(¢) was assumed as speech sequence, a,,a,,...,a,, is the multiple & order of
fractional Fourier transform. According to the cycle characteristic of the fractional Fourier transform,

—a,,—a,,...,—a,, order of fractional Fourier transform is the inverse transformation of

a,,a,,...,a,, order one.
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Figure 1. Two-dimensional fractional Fourier transform domain model for speech enhancement

-ay, fractional |_,|
ourier transform

Figure 1 shows the general model of speech enhancement based on fractional Fourier transform.
Input speech sequence are framed with size N=256, 50% frame overlapping, After going through
parallel number M (M =16) of different fractional Fourier transform order, two-dimensional

Hamming windowing operation is applied. The order factors for the fractional Fourier transform are
a, €(0,27),a,(i=1,2,...,M) . For simplicity, analysis can be made:
a, =a, +iAa i=12,..,M, (1D)
In equation (8) @, is the initiation factors, factors Aa is the fractional interval.

Two-dimensional Hamming window is defined as:

h(i, j) = (0.54 -0.46 cos[ﬁjj(o.ﬂ -0.46 COS(ED (12)
255 15

In whichi €[0,255], j €[0,15]

The outcome from the algorithm is shown below:
. 1 & (s
=3 F"5w) a3
M3

In the equation, S; (1) is estimated speech of @, -order fractional Fourier transform. Following the

assumptions:
$,) = S, @) | exp(~jp, (i)
= S, () | exp(—j @, (i,u)) exp(—jAO, (u)) = S, (u) exp(=jAO, () (14)

In the equation, @, (i,u). @, (i,u) stand for a, order noisy speech, clean speech phase spectrum

in fractional Fourier transform, A@,(u) is phase error,

Two-dimensional fractional Fourier transform domain filtering is derived as follows:
SN2 (15)
NG|
coe 2
| X (@, )|
Two-dimensional Wiener filter can be obtained as follows:

SG, j)= X, ))H (u,v)

|SG, ) IP= X6 )P = NGHIP= X)L

- 1 (1o
:X(l,_]) mﬂ(l—m,ﬁ]

,BZ 0 toensure H(y,v)>0-
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v 2
SNR(u,v) = M
| N(u,v)|
(17)
On which:
_ v+l j=u+l _ v+l j=u+l
| X @)= 2, DN XEGN] IN@) =D DI NG
i=v—1j=u-1 i=v—1j=u-1
(18)

Equation (16)(17)(18) are the two-dimensional Wiener filtering process in the fractional Fourier

transform domain. The noise spectrum | N (u, V) | was obtained by spectrum statistics of forward no-

speech frame and the noised speech spectrum | X (u,Vv)| was obtained by spectrum statistics of
current and forward speech frame.

3. Experiment and Analysis

In order to evaluate the performance of the two-dimensional fractional Fourier transform domain
model for speech enhancement. Different noise levels on the voice recording are compared to each
other.

All voices used in the experiments were recorded from young men and women. The sampling
frequency is 8kHz while the quantization precision is 8-bit. Superimposed on the original clean speech
is Gaussian white noise and non-stationary noise supplied by Voice Research Centre RSRE of the
Netherlands belongs.
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Figure 2. Wiener filter in two-dimension fractional domain compared with the normal filter
(a) pure speech; (b) 5dB noise speech(AGWN); (c¢) Ordinary Wiener [11];
(d) Wiener filter in two-dimension fractional domain

As it can be seen from the figure, the performance that fractional Fourier transform domain for two-
dimension Wiener filtering to Gaussian white noise filtering is superior to ordinary Wiener filter [9]
(3.19dB improvement when input SNR is 0dB;2.73dB improvement when input SNR is 5dB).
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Figure 3. Two-dimensional wiener filter in the fractional Fourier transform compared with the
normal filter
(a) pure speech; (b) 5dB noise speech(pink noise); (¢) Ordinary Wiener [11];
(d) two dimension fractional Fourier transform domain filtering

As can be seen from Figure 3, the general Wiener filtering method has some distortion in the voice
segment while the performance of two-dimensional wiener filter in the fractional Fourier transform
domain to pink noise is superior to ordinary Wiener filter [11].

4. Conclusions

In this paper, we have proposed the new two-dimensional methods for forensic speech enhancement
which adopts parallel Wiener filter array in fractional Fourier transform domain. Our proposed
methods can generate clean speech from the given noisy speech including the pink noise, and the zero-
mean white Gaussian noise. The proposed technique also has potential application in robust speech
recognition tasks.
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