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ABSTRACT To further improve the detection distance and sensitivity of bio-radar, a 94 GHz asymmetric
antenna radar sensor is employed to detect speech signal. However, the radar speech is often mixed with
various noise, whichwill seriously affect the quality and intelligibility of the speech signal. Therefore, a novel
method based on variational mode decomposition (VMD) and improved threshold strategy (ITS) is proposed
in this paper for improving the quality and intelligibility of the radar speech. VMD is a novel adaptive
decomposition method, which overcomes the problem of mode aliasing and end effect in empirical mode
decomposition (EMD). ITS can overcome the limitation of traditional wavelet threshold and achieve the
best compromise between speech intelligibility and noise reduction. Firstly, EMD is applied to determine
the number of decomposition level, and then radar speech is decomposed into several limited bandwidth
intrinsic mode functions by VMD. Secondly, ITS is employed to remove noise from useful modes which are
determined by Pearson correlation coefficient (PCC). The performance of the proposed method is evaluated
by perceptual evaluation of speech quality (PESQ), short-time objective intelligibility (STOI) and composite
measures (CMs). The experimental results show that the radar sensor can detect long distance speech signal
and the proposedmethod can effectively improve the quality and intelligibility of the radar speech signal. Due
to the good performance, the proposed method will provide a promising alternative for various applications
related to radar speech and traditional microphone speech signal enhancement.

17

18

INDEX TERMS 94 GHz asymmetric antenna, radar speech, speech enhancement, variational mode
decomposition, improved threshold strategy, composite measure.

I. INTRODUCTION19

Speech, as one of the important physiological signal of the20

human body, is the most important and effective means of21

human communication. At present, the present technologies22

The associate editor coordinating the review of this manuscript and
approving it for publication was Hasan S. Mir.

for obtaining speech signals can be divided into air conduc- 23

tion and non-air conduction detection. However, the short- 24

comings limit the development of these techniques for speech 25

detection [1], [2], [3], [4], [5]. In recent years, bio-radar tech- 26

nology has been developed for using in a variety of remote 27

sensing applications [6], [7]. This article mainly focuses on 28

the application of bio-radar technology in human speech 29
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signal detection to overcome the drawbacks of the exist-30

ing speech detection technologies. Unlike traditional speech31

detection technology, the principle of the speech detection32

technology is that when the electromagnetic wave signal33

transmitted by bio-radar, reaches the throat of the human34

body, it is modulated and reflected by the vibration infor-35

mation of the throat. The reflected signal is received by36

the receive antenna, and is then sent to the computer for37

processing to form the speech signals [8], [9], [10].38

Nowadays, the human speech signal detection based on39

bio-radar has certain drawbacks such as short detection range40

and low intelligibility. Research shows that higher trans-41

mission frequencies result in higher detection sensitivity,42

which improves the intelligibility; however, this will affect43

the detection range. Very high transmission frequencies will44

also cause the technology to be very expensive. A bio-radar45

with a transmission frequency of 94 GHz can provide the46

best compromise between detection range and detection sen-47

sitivity [11]. If we use a small-diameter wide-beam radia-48

tion, although it will be easy to aim at the target, the lower49

antenna gain will limit its detection range. If the antenna50

gain is increased, it will lead to an increase in the antenna51

diameter, narrow radiation beam, increased cost, and diffi-52

culty in aiming at the detection target. For this reason, some53

compensation technology must be considered.54

In order to solve the above problems, a research on human55

speech detection technology based on a 94 GHz asymmetric56

antenna bio-radar was carried out in this study. The purpose57

of using asymmetric antennas is to minimize the cost of the58

hardware and to maximize the acquisition detection distance59

and detection sensitivity. The structure of the asymmetric60

antenna bio-radar system is as follows: A Cassegrain antenna61

with a diameter of 600 mm, which has a very high gain and62

the ability to obtain speech information, is used in the receiver63

module to overcome the problem of insufficient intelligibility.64

A Cassegrain antenna with a diameter of 200 mm, which65

has a relatively wide beam radiation target, is used in the66

transmitter module to overcome the problem of the narrow67

beam being difficult to aim at the target. The Schematic of68

the 94 GHz asymmetric antenna bio-radar is shown Figure 1.69

During the detection experiment, it was shown that the radar70

system can effectively detect the long-distance speech signal,71

and considerably extend the capabilities of traditional speech72

detection methods [12]. It was also observed that the radar73

speech signal is disturbed by non-Gaussian additive noise,74

which is mainly combined by ambient, electromagnetic and75

electrical circuit noise. This issue may lead to the perfor-76

mance degradation of the radar system for speech signal77

detection. Due to the special characteristics of the radar78

speech signal, it is required to apply appropriate enhancement79

algorithm to improve the quality of the 94 GHz asymmetric80

antenna bio-radar speech signal.81

During the last decades, many speech enhancement algo-82

rithms have been proposed to improve the quality of speech83

signal by reducing noise, including the power spectral sub-84

traction [13], Kalman filtering [14], Wiener filtering [15],85

FIGURE 1. Schematic diagram of the 94 GHz asymmetric antenna
bio-radar sensor system.

wavelet shrinkage [16], minimum mean-square estimator 86

(MMSE) [17]. Afterwards, various improved enhancement 87

algorithms based on the aforementionedmethod are proposed 88

[18], [19], [20], [21]. These methods promote the develop- 89

ment of traditional microphone speech enhancement technol- 90

ogy. For the radar speech, the noise sources of signal are more 91

complex than those found in speech acquired using a tradi- 92

tional microphone. In our previous study, we have researched 93

many speech signal enhancement methods aimed at different 94

radar systems. These methods restrain the residual noise and 95

improve the speech quality of the corresponding radar system 96

[22], [23], [24], [25]. Although the noise of radar speech is 97

greatly suppressed, the improvement of intelligibility is not 98

obvious. Therefore, it is necessary find a new method aimed 99

at improving intelligibility when reducing noise. 100

Empirical mode decomposition (EMD) method is an adap- 101

tive method for processing nonlinear and nonstationary sig- 102

nals [26]. Khaldi et al. used EMD method to enhance the 103

quality of speech for the first time, the results showed that 104

the method is effective for additive white Gaussian noise 105

removal from speech [27]. Chatlani and Soraghan proposed 106

a EMDF method for speech enhancement, it is particu- 107

larly effective in low frequency noise environments [28]. 108

Zao et al. proposed a EMD and Hurst-Based Mode Selection 109

(EMDH) method for speech enhancement, the results show 110

that the EMDH method improves the segmental signal-to- 111

noise ratio and an overall quality composite measure [29]. 112

However, shortcomings of mode aliasing and end effect 113

restrict the development of EMD method in the field of 114

speech enhancement [30], [31]. To overcome the limita- 115

tions of EMD technique, a new adaptive signal processing 116

method, called variational mode decomposition (VMD) was 117

proposed, this method provides a solution to the decompo- 118

sition problem that is theoretically well founded and easy 119

to understand, it can decompose complex signal into an 120

ensemble of band-limited intrinsic mode functions (IMFs). 121

The experiments show that VMD method outperforms EMD 122

with regards to tone detection, tone separation, and noise 123

robustness [32]. In recent years, VMD method has been 124

widely used in various fields such as fault diagnosis, under- 125

water acoustic, and signal denoising. Mohanty et al. [33] 126

utilized VMD method to decompose bearing vibration sig- 127

nal for fault diagnosis. In [34], VMD method is applied 128
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to detect multiple signatures caused by rotor-to-stator rub-129

bing. In [35], a novel method for feature extraction of130

ship-radiated noise was proposed using VMD and slope131

entropy. Li et al. [36] developed a new denoising algorithm132

for ship-radiated noise (SN) signals based on VMD and133

correlation coeffificient. An et al. [37] presented a denoising134

method for the hydropower unit vibration signal based on135

VMD and approximate entropy. These studies demonstrate136

that VMD approach is superior to traditional decomposition137

methods in signal processing. However, the VMD method138

also has its limitations, the capability of it to decompose a139

signals accurately is totally depends on the settings of its140

input parameters [38]. Eespecially for decomposition mode141

number and bandwidth control parameter. In practical appli-142

cations, the two parameters are always given in advance based143

on previous experience, which may cause inaccurate analysis144

results. Therefore, the selection of appropriate parameters is145

crucial for VMD decomposition. Zhang et al. [39] proposed146

a parameter-adaptive VMD method based on grasshopper147

optimization algorithm (GOA) to analyze vibration signals148

from rotating machinery. Ni et al. [40] developed a novel149

bearing fault information-guided VMD (FIVMD) method to150

extract the weak bearing repetitive transients.151

In the field of speech enhancement, Gowri et al. [41]152

utilized VMD based approach for enhancing speech signals153

distorted by white Gaussian noise. In [42], EMD and VMD154

method are compared for speech enhancement, the results155

show that the VMD is more efficient than EMD method156

in speech enhancement. Although these results verified the157

effectiveness of VMD method in speech enhancement, they158

are mainly focused on the application of the method in159

speech enhancement, instead of examining the performance160

of this method in improving the quality and intelligibility of161

speech. For radar speech, the decomposition method should162

also ensure the intelligibility of the speech when reduc-163

ing noise [11]. If each IMF is filtered, we find that the164

noise is suppressed, the intelligibility of the radar speech is165

poor. Moreover, the traditional estimated noise level, is not166

accurate in estimating IMF noise, which will take effect on167

the quality of enhanced speech. Furthermore, although the168

soft thresholding was widely employed to remove the noise169

of signal, it may cause signal over-processing, resulting in170

speech signal distortion [27].171

To address the above-mentioned issues, a novel method172

based on VMD and improved threshold strategy (ITS) is173

proposed for improving the quality and intelligibility of174

the 94 GHz asymmetric antenna bio-radar speech. VMD is a175

novel adaptive decomposition method, which overcomes the176

problem of mode aliasing and end effect in EMD, and is more177

suitable for dealing with nonlinear and non-stationary sig-178

nals. ITS can overcome the limitation of traditional wavelet179

threshold and soft threshold function and achieve the best180

compromise between the intelligibility of radar speech and181

noise reduction. First, EMD method is used to determine182

the mode number by selecting the major information modes,183

and then VMD algorithm is used to decompose the 94 GHz184

FIGURE 2. Experimental environment of the 94 GHz asymmetric antenna
bio-radar speech signal detection: (a) Indoor experiment; (b) Outdoor
experiment.

asymmetric antenna radar speech signal into several 185

limited bandwidth intrinsic mode functions (IMFs). Second, 186

an improved threshold strategy (ITS) is employed to remove 187

noise from useful modeswhich are determined by the Pearson 188

correlation coefficient (PCC). 189

The remainder of this paper is organized as follows. 190

In Section 2, the experimental environment, speech cor- 191

pus and detection result and noise characteristic analy- 192

sis of the 94 GHz asymmetric antenna bio-radar speech 193

are presented. In Section 3, the method for improving the 194

quality of 94 GHz asymmetric antenna radar speech is pro- 195

posed. In Section 4, performance evaluation is provided. 196

In Section 5, experimental results of the proposed algorithm 197

are demonstrated and the performance is evaluated. Finally, 198

the conclusion is provided in Section 6. 199

II. EXPERIMENT 200

A. EXPERIMENT ENVIRONMENT 201

The 94 GHz asymmetric antenna radar system is mainly com- 202

posed of transmitting antenna, receiving antenna, transmitter 203

module, receiver module. One antenna with a diameter of 204

600 mm, is used as receiving antenna, the beam width is 205

0.4 degrees at −3 dB levels, the gain is 50 dB. One antenna 206

with a diameter of 200 mm, is used as transmitting antenna, 207

the beam width is 1 degrees at −3 dB levels, and the gain 208

is 41.7 dB. The more detailed description of the 94 GHz 209

asymmetric antenna radar detection theory and system was 210

shown in our previous work [10], [12]. 211

The target sound source selected in this paper includes 212

human sound source and simulated sound source. Five 213

healthy volunteers including 4 males and 1 female were 214

selected as human sound source participated in the speech 215

detection experiment. All of the volunteers (from 20 to 216

28 years old) were native speakers of mandarin Chinese, none 217

of them had a history of voice training or voice disorders. All 218

of the experimental procedures were in accordance with the 219

rules of the Declaration of Helsinki, and all volunteers signed 220

the appropriate consent forms. 221
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FIGURE 3. The experimental results of 94 GHz asymmetric antenna radar
speech signals for simulated sound source. (a) The time-domain
waveforms and the spectrograms of the radar speech ‘‘1-2-3-4-5-6’’;
(b) The time-domain waveforms and the spectrograms ‘‘a-b-c-d’’.

The experiments were carried out in two scenarios. The222

first scenario was in an indoor laboratory, which is about223

13 meters long and 5.5 meters wide, as shown in Figure 2a.224

The second scenario is in an outdoor stadium, which is225

100 meters long and 100 meters wide, as show in Figure 2b.226

In these experimental scenarios, a subject was asked to sit227

in front of the radar system, and the larynx of the volunteer228

should be at the same height as the center line of the antenna229

of the 94 GHz asymmetric antenna bio-radar system. A laser230

pen was used to focus an electromagnetic beam on the larynx231

area. The radar system were positioned at distances ranging232

from 1 to 50 m from the sound source.233

B. SPEECH CORPUS AND DETECTION RESULT234

To ensure the consistency of the pronunciation material235

and facilitate the experiment operation, a loudspeaker was236

selected as simulated sound source. One English language let-237

ters a-b-c-d, twoMandarin Chinese sentences ‘‘1-2-3-4-5-6’’,238

‘‘Jun-Yi-Da-Xue’’ and the standard library from the TIMIT239

Database [43], such as ‘‘She wore warm, fleecy, woolen240

overalls’’, ‘‘Jane may earn more money by working hard’’,241

‘‘The best way to learn is to solve extra problems’’, etc.were242

selected as the speech materia for sound sources. In order to243

facilitate the analysis and processing, the amplitude of the244

detected speech signal is normalized in this paper. The exper-245

imental results of 94 GHz asymmetric antenna radar speech246

signals for simulated and human sound sources at a distance247

of 5 m are illustrated in Figure 3 and Figure 4 respectively.248

C. NOISE CHARACTERISTIC ANALYSIS OF RADAR SPEECH249

The basic principle of bio-radar detecting speech signal is that250

radar emits electromagnetic waves, when the electromagnetic251

waves reach the human larynx area, the wave is modulated252

and reflected by vibration information caused by the human253

voice, which is received by the radar antenna and sent to the254

computer for processing to form speech signals. Air is the255

common medium of traditional microphone speech signal,256

the air particles vibration is caused by the sound source, and257

then microphone sensor convert vibration information into258

electrical signals. Due to the difference of detection principle,259

the radar speech has some special advantages not offered by260

FIGURE 4. The experimental results of 94 GHz asymmetric antenna radar
speech signals for human sound source. (a) The time-domain waveforms
and the spectrograms of the radar speech ‘‘1-2-3-4-5-6’’; (b) The
time-domain waveforms and the spectrograms ‘‘a-b-c-d.’’

FIGURE 5. The spectral analysis of noise signal. (a) Waveforms of noise
signal; (b) Spectrums of noise signal; (c) Spectrograms of noise signal.

traditional microphones, such ashigh directional sensitivity, 261

strong acoustical disturbance. Therefore, the noise source of 262

radar speech is different from that of traditional microphone. 263

Radar speech is mainly interfered with electromagnetic noise 264

such as inter-modulation interference and cross modulation 265

interference, circuit noise such as thermal nois and scattered 266

nois, environmental noise such as side lobe clutter and human 267

body swerve noise In order to effectively remove the noise 268

from radar speech, we used 94GHz asymmetric antenna radar 269

system to detect noise signal at two different time periods 270

in thecase of no sound source. Then the spectral analysis of 271

noise signal is carried out, as shown in Figure 5. 272

From the Figure 5, we can observe that the noise is con- 273

centrated in the whole frequency range, especially true for the 274

low-frequency components of the speech. Besides, there will 275

be single frequency noise in the middle and high frequencies. 276

On the whole, the noise distribution of 94 GHz asymmetric 277

antenna radar speech is non-Gaussian. Therefore, it is of great 278

significance to apply an appropriate enhancement algorithm 279

to improve the quality of the 94 GHz asymmetric antenna 280

bio-radar speech signal 281

III. METHODOLOGY 282

A. VARIATIONAL MODE DECOMPOSITION 283

Variable Mode Decomposition (VMD) is a novel adaptive 284

decomposition method, which decompose a signal x(t) into 285

an ensemble of band-limited intrinsic mode functions (IMFs) 286
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uk , each mode k to be most compact around a center pulsation287

ωk [32]. The VMD decomposition process can be viewed288

as the solution process to the variational problem. The algo-289

rithm mainly includes two parts which are the construction290

of the variational problem and the solution of the variational291

problem.292

1) THE CONSTRUCTION OF VARIATIONAL PROBLEM293

Firstly, compute the analytic signal of eachmode uk bymeans294

of the Hilbert transform to obtain a unilateral frequency295

spectrum. Secondly, the frequency spectrum of each mode296

is modulated to the corresponding ‘‘baseband’’ by mixing297

with an exponential tuned to the center frequency. Finally, the298

estimated bandwidth corresponding to each mode is obtained299

by calculating the H1 Gaussian smoothness of the demodu-300

lated signal. Thus, a constrained variational problem is con-301

structed, which is expressed as follows:302

min

{
K∑
k=1

∥∥∥∥∂t [(δ(t)+ j
π t

) ∗ uk (t)]e−jwk t
∥∥∥∥2
2

}
303

s.t.
K∑
k=1

uk = x(t) (1)304

whereK is the number of mode number. uk (k = 1, 2, . . . ,K )305

and wk (k = 1, 2, . . . ,K ) are the ensemble of all modes and306

their center frequencies, respectively, ∗ denotes the convolu-307

tion operator, δ(t) is unit pulse function.308

2) THE SOLUTION OF VARIATIONAL PROBLEM309

By using a quadratic penalty term and Lagrangian multipli-310

ers, the constrained variational problem is transformed into311

an unconstrained variational problem. The quadratic penalty312

term is used to ensure the accuracy of the reconstructed sig-313

nal, especially in the presence of additive Gaussian noise, and314

the Lagrangian multipliers are a common way of enforcing315

constraints strictly.316

The alternate direction method of multipliers (ADMM)317

[44] is employed to update the un+1k , wn+1k and λn+1k . So that318

the original minimization problem in formula (1) is trans-319

formed into the saddle point of the augmented Lagrangian320

L in a sequence of iterative sub-optimizations.321

The Lagrangian L expression is:322

L({uk}, {wk}, λ)323

= α

K∑
k=1

∥∥∥∥∂t [(δ(t)+ j
π t

) ∗ uk (t)]e−jwk t
∥∥∥∥2
2

324

+

∥∥∥∥∥x(t)−
K∑
k=1

uk (t)

∥∥∥∥∥
2

2

+

〈
λ(t), x(t)−

K∑
k=1

uk (t)

〉
(2)325

In the formula, α is a bandwidth parameter of the quadratic326

penalty term, ∗ denotes the convolution operator, δ(t) is unit327

pulse function, and λ(t) is a Lagrangian multipliers.328

The expression updating ukn+1 can be expressed as: 329

un+1k = argmin
uk∈X


∥∥∥∥∂t [(δ(t)+ j

π t
) ∗ uk (t)]e−jw

n
k t
∥∥∥∥2
2

330

+

∥∥∥∥∥∥x(t)−
K∑

i=1,i6=k

un+1i (t)+
λ(t)
2

∥∥∥∥∥∥
2

2

 (3) 331

By means of Parseval/Plancheral Fourier isometry trans- 332

form, the equation (3) can be converted from time domain 333

to frequency domain, and the expression of each mode in 334

frequency domain can be obtained as follows: 335

ûn+1k (w) =

x̂(w)−
K∑

i=1,i6=k
ûi(w)+

λ̂(w)
2

1+ 2α(w− wk )2
(4) 336

where, λ̂n+1k is updated by formula as follow: 337

λ̂n+1(w)← λ̂n(w)+ τ |x̂(w)−
∑

ûn+1k (w)| (5) 338

where, τ is noise tolerance parameter, then, for the updated 339

center frequencies wkn+1 of each mode, and the expression 340

of updated wkn+1 in frequency domain can be obtained as 341

follows: 342

wn+1k =

∫
∞

0 w
∣∣∣ûn+1k (w)

∣∣∣2 dw∫
∞

0

∣∣∣ûn+1k (w)
∣∣∣2 dw (6) 343

where, wkn+1 is the center of gravity of the corresponding 344

mode’s power spectrum for k mode, ûk (w) is equivalent to the 345

wiener filter of the current residue x̂(w)−
∑
i6=k

ûi(w). 346

On the whole, the VMD algorithm updates each mode in 347

the frequency domain, and then converts it to the time domain 348

by Fourier transform. Themode updating steps are as follows: 349

(1) Initialize {ûk1}, {wk1}, λ̂1, and n= 0; 350

(2) According to Formula (4) and Formula (6), update ûk 351

and wk . 352

(3) According to Formula (5), update λ̂ 353

(4) For a given discriminant precision e > 0, until the 354

iteration constraint is satisfied: 355

K∑
k=1

∥∥∥ûn+1k − ûnk
∥∥∥2
2

/∥∥ûnk∥∥22 < e (7) 356

Stop Iteration; otherwise, return to step (2). 357

B. THE SELECTION OF VMD PARAMETERS 358

VMD algorithm contains many parameters, there are 359

Lagrangian multipliers λ, decomposition mode number k , 360

and bandwidth constrained equilibrium parameter α. These 361

parameters have a great influence on decomposition result. 362

Lagrangian multipliers λ: The role of the Lagrangian mul- 363

tiplier is to ensure that the decomposed IMF components can 364

reconstruct the original signal. While exact reconstruction 365
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of the original signal is usually not the purpose of VMD366

method, in particular in the radar speech enhancement, the367

signal usually has strong noise, the noise contained in radar368

speech signal is expected to be removed and not included369

in the decomposition result. Thus, the Lagrangian multiplier370

should be shut off by keeping its value at zero in this paper.371

It can be done by choosing its update parameter τ = 0.372

Decomposition mode number k: If k is too large, there373

will be over decomposition, this results in spurious compo-374

nents. If k is too small, there will be under decomposition,375

this results in mode aliasing. Therefore, Choosing appro-376

priate mode number k is crucial to VMD decomposition.377

Though mode aliasing and end effect may occur in EMD378

decomposition, it can adaptively decompose the signal into379

a series of oscillatory components without any prior knowl-380

edge. Thus, we use the advantage of the EMD method to381

determine the mode number. First, the radar speech signal is382

decomposed into intrinsic mode functions (IMFs) by EMD,383

the first few IMFs with high frequency can be regarded as384

major information modes of the original radar speech signal.385

The low frequency IMFs mainly are the detailed information386

modes which is not need to further decompose. Therefore, the387

number of major modes is determined as the mode number388

of the VMD method. The amplitude of the IMFs is used to389

distinguish major information and detailed information. If the390

maximum amplitude of the decomposed modes by EMD is391

less than 0.1, the number of mode layers corresponding to392

the first IMF in which this condition occurs can be regarded393

as the decomposition mode number of VMD method. The394

decomposition mode number is given as:395 {
If max[A(IMFi)] ≤ 0.1, 1 ≤ i ≤ n
k = first(i)

(8)396

where, IMFi is the i-th intrinsic mode function decomposed397

by EMD, A(IMFi) is the amplitude of each IMF.398

Bandwidth parameter α: The smaller the value of α, the399

larger the bandwidth of each IMF component derived from400

VMD decomposition. If the bandwidth is too large, the fre-401

quency spectrum of each mode will overlap, and the number402

of spectral lines caused by noise in the envelope spectrum403

will increase. If the bandwidth is too small, not only the noise404

is suppressed, but also the useful characteristic lines in the405

envelope spectrum may be filtered out. Therefore, the value406

of α should not be too large or too small. In addition, we found407

that this parameter has little effect on the results in the relative408

range. For the radar speech, we select α value is 1000 in this409

paper.410

C. PEARSON CORRELATION COEFFICIENT411

By analyzing the IMFs signal after VMD decomposition,412

some modes are mainly noise and interference signal without413

any speech information. These modes are directly removed414

during reconstruction. Pearson correlation coefficient (PCC)415

is a statistical metric that measures the strength and direction416

of a linear relationship between two random variables, the417

greater the absolute value of the correlation coefficient, the 418

stronger the correlation [45]. In this paper, PCC is used 419

to distinguish between the useful modes and noise modes 420

after VMD decomposition. The PCC values are calculated 421

between the original radar speech signal and each IMF as 422

follows: 423

PCC (x, y) =

N∑
t=1

[(xt − x̄] [(yt − ȳ)]√
N∑
t=1

(xt − x̄)2

√
N∑
t=1

(yt − ȳ)2

(9) 424

where xt and yt are two random variables. x̄ and ȳ are the 425

average of the two random variables, respectively. 426

It is concluded that the higher the PCC value, the stronger 427

the correlation between IMF and the original radar speech 428

signal. If the PCC value is high, we can believe the IMF is a 429

useful mode, otherwise is a noise mode. Thus, in order to find 430

the useful modes, a fixed threshold (FT) was defined as 10−1. 431

If the PCC value between the original radar speech signal and 432

IMF is greater than the FT, the IMF can be regarded as a useful 433

mode. 434

D. IMPROVED THRESHOLD FOR NIOSE REDUCTION 435

In order to effectively suppress the noise of the original 436

radar speech, we should select an appropriate threshold T 437

to remove the noise of useful modes before reconstruction. 438

Wavelet threshold has been widely used in noise reduction 439

[46], the threshold is estimated as follow: 440

T = σ
√
2 ln(N ) (10) 441

where N is the signal length, σ is the estimated noise level. 442

In the experiment, It was found that the estimated noise 443

level plays an important role in removing noise from radar 444

speech signal. However, the traditional estimated noise 445

level, is not accurate in estimating IMF noise, which will 446

take effect on the quality of enhanced speech. Further- 447

more, although the soft thresholding was widely employed 448

to remove the noise of signal, it may cause signal over- 449

processing, resulting in speech signal distortion. 450

Therefore, in this paper, we proposed an improved thresh- 451

old strategy (ITS) for removing noise from the radar speech 452

signal. It includes two aspects: a new noise estimated level 453

and improved soft thresholding function. 454

A new noise estimated level of each IMF is given by: 455

σi =
1
L

∑
|IMFi(t)|, t = 1, 2, · · · ,L (11) 456

where L is the length of the initial silent segment of the radar 457

speech signal. IMFi(t) is the i-th band-limited intrinsic mode 458

function decomposed by VMD. 459

In order to obtain a compromise between noise reduction 460

and intelligibility of radar speech, an improved soft threshold- 461

ing function is employed to remove the noise of useful modes 462
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before reconstruction.463

IMF ′i (t)=

{
sign[IMFi(t)]·[|IMFi(t)|−Ti], |IMFi(t)|≥Ti
IMFi(t)× m, |IMFi(t)|<Ti

464

(12)465

where m is compensation factor.466

E. THE PROPOSED ALGORITHM FOR RADAR SPEECH467

ENHANCEMENT468

In view of the above section, the flow chart of the pro-469

posed algorithm for 94GHz asymmetric antenna radar speech470

enhancement is shown in Figure 6. The detailed steps of the471

proposed algorithm are shown as follows:472

Setp1: Decompose the given original radar speech sig-473

nal x(t) into IMFs using EMD method, then determine the474

decomposition k using Formula (8).475

Step2: According to the value of the alpha and k , decom-476

pose the original radar speech signal x(t) into modes using477

VMD algorithm.478

Step3:Compute the PCC value of the original radar speech479

signal and each IMF using Equations (9) and determine the480

useful mode.481

Step4: Determine the threshold T using Formulas (10) and482

(11).483

Step5: Reconstruct and denoise the useful mode using484

Formula (12).485

IV. PERFORMANCE EVALUATION486

Short time objective intelligibility (STOI), and Perceptual487

evaluation of speech quality (PESQ, which are widely used488

for evaluating the performance of speech enhancement algo-489

rithms. STOI evaluation is a effective method to test the490

speech intelligibility. PESQ evaluation is a standard objec-491

tive measure technique to test the speech quality. However,492

in [47], the PESQ measure can did not yield as high correla-493

tion with speech quality, three different composite measures494

(CMs) are proposed to test the speech quality. The three CMs495

can greatly improve the correlations of objective measures496

and provide more adequate in predicting the subjective qual-497

ity of noisy speech enhanced by noise suppression algorithms498

over the conventional objective measures. Therefore, in this499

paper, STOI, CMs are selected to evaluate the quality and500

intelligibility of the speech enhancement algorithms, for com-501

parison, PESQ is still being selected as an auxiliarymeasure.502

A. PESQ MEASURE503

PESQ evaluation was proposed by Rix et al. for evaluating504

the quality of speech enhancement algorithms, which has505

been defined by the ITU-T recommendation P.862 [48]. The506

evaluation gives accurate predictions of subjective quality in507

a very wide range (300-3400 Hz) of conditions, it is suitable508

for assessing the speech quality of telephone networks and509

speech signals. A combination of two disturbance param-510

eters: symmetric disturbance (dsym) and asymmetric distur-511

bance (dasym) were used as a predictor of subjective MOS.512

FIGURE 6. The flow chart of the proposed algorithm for radar speech
enhancement.

The final PESQ score is obtained as follow: 513

PESQ = 4.5− 0.1× dsym − 0.0309× dasym (13) 514

A higher PESQ score indicates better quality of speech, the 515

highest score is 4.5, it indicates no distortion. 516

B. STOI MEASURE 517

The STOIwas proposed by Cees et al. for predicting the intel- 518

ligibility of noisy speech [49]. The evaluation results show 519

that STOI has high correlation with the speech intelligibility 520

in listening test. In addition, STOI does work well for additive 521

noise of noisy speech for different noise types and SNRs. 522

The STOI score range between 0 and 1, a higher STOI score 523

indicates better intelligibility of speech. 524

C. COMPOSITE MEASURE 525

To further achieve higher correlation with the subjective 526

scores of evaluation method, composite measure (CM) 527

method was proposed for predicting the quality of noisy 528

speech enhanced by noise suppression algorithms [47]. The 529

authors used the ITU-T P.835 methodology to evaluate the 530

speech quality along three dimensions: composite measure 531

for signal distortion (CSIG), composite measure for noise 532

distortion (CBAK), and compositemeasure for overall speech 533

quality (COVL). CSIG is a measure for signal distortion 534

(SIG) formed by linearly combining the log likelihood ratio 535
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FIGURE 7. (a) The original radar speech signal; (b) the IMFs of the
original radar speech signal using EMD.

(LLR), PESQ, and weighted-slope spectral distance (WSS)536

measures; CBAK is a measure for noise distortion (BAK)537

formed by linearly combining segmental SNR (segSNR),538

PESQ, and WSS measures, and COVL is a measure for539

overall quality (OVRL) formed by linearly combining the540

PESQ, LLR, and WSS measures. The three new composite541

measures were defined as:542

CSIG = 3.093− 1.029 · LLR+ 0.603 · PESQ543

− 0.009 ·WSS544

CBAK = 1.634+ 0.478 · PESQ− 0.007 ·WSS545

+ 0.063 · segSNR546

COVL = 1.594+ 0.805 · PESQ− 0.512 · LLR547

− 0.007 ·WSS (14)548

The higher score of the CSIG, CBAK and COVL repre-549

sents better quality of speech.550

V. RESULTS AND DISCUSSION551

This section mainly presents the performance of the pro-552

posed algorithm in enhancing the quality and intelligibil-553

ity of the 94 GHz asymmetric antenna radar speech signal.554

To guarantee high quality and reliable speech signal, in this555

section, one sentence of Mandarin Chinese ‘‘1-2-3-4-5-6’’ at556

a distance of 10 meters and one English language letters ‘‘a-557

b-c-d’’ at a distance of 7 meters for simulated sound source558

are selected as a representative speech material to evaluate.559

A. DETERMINE THE NUMBER OF DECOMPOSITION MODE560

First, EMD method is used to determine the mode number.561

Figure 7a shows the waveform of the original radar speech562

signal ‘‘1-2-3-4-5-6’’. Figure 7b shows the IMFs of the orig-563

inal radar speech signal decomposed by EMD. It can be564

FIGURE 8. (a) the seven IMFs of original radar speech signal decomposed
by VMD method; (b) the spectrum of corresponding to each IMF.

seen that the original radar speech is decomposed 16 IMFs 565

by EMD, the frequency of IMFs decrease gradually with 566

the increase of IMF value. According to equation (8), the 567

decomposition mode number is equal to seven. 568

According to the decomposition mode number, Figure 8a 569

shows the seven IMFs of the original radar speech signal 570

decomposed by VMDmethod, Figure 8b shows the spectrum 571

of corresponding to each IMF. The longer the radar detection 572

distance is, the more serious the attenuation of high frequency 573

components of speech is, and the wider the frequency range 574

of speech signal itself is, the higher the speech quality it 575

presents. 576

The speech signal frequency range of a normal person is 577

0-4000 Hz, the limit frequency range that determines the 578

intelligibility is 300-1000 Hz. As presented in Figure 8, the 579

frequencies of IMFs increase gradually with the increase 580

of IMF value. It can also be inferred that the waveforms 581

of the former four IMFs are similar to speech signal, and 582

the waveforms of the latter three IMFs are similar to noise 583

signal. We can assume that some modes are mainly noise 584

and interference signal without any speech informationwhich 585

should be rejected before reconstruction. 586

B. SELECTING THE RECONSTRUCTION MODES 587

Figure 9 shows the PCC values of original radar (OR) speech 588

signal and each IMF using equation (9). According to the FT, 589

the former four modes are selected as the useful modes for 590

reconstruction. 591

C. ANALYSIS AND COMPARISION OF SPECTROGRAMS 592

Figure 10 shows the comparison of the enhanced radar speech 593

signal. Figure 10a presents the waveform and spectrogram of 594

the clean speech signal synchronously acquired. Figure 10b 595

presents the waveform and spectrogram of the original radar 596

speech. Figure 10c-f present the waveform and spectro- 597

gram of the original radar speech after processing using the 598
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TABLE 1. Evaluation of Speech Quality by Four Speech Enhancements.

FIGURE 9. Correlation coefficients of original radar speech signal and
each IMF.

wavelet-hard, wavelet-soft, EMD-shrinkage, and proposed599

method, respectively.600

As shown in Figure 10, the spectrogram of the original601

radar speech has excellent consistency in clean speech in602

low frequency components. Compared with the clean speech603

signal, the radar speech signal is contaminated by noise604

components, and the high-frequency information is lost. Its605

frequency range is 0-2000 Hz. This is due to the difference606

between radar speech signal and traditional speech signal607

in transmission media and detection principle. It is also608

observed that noise reduction is achieved to some degree for609

speech processed by all of the four algorithms. We can find610

that the wavelet-hard and the wavelet-soft method can reduce611

the noise to a certain extent, but these methods introduce612

some new residual noise to the enhanced speech, and the613

energy stripe of spectrogram has some distortion, so the614

quality of the radar speech was not improved. The wave-615

form and the spectrogram of the enhanced radar speech with616

EMD shrinkage are displayed in Figure 10e, which shows617

the noise has mostly been removed, the quality of the radar618

speech signal is greatly improved. However, the clarity of619

the energy stripe is affected to some extent. For the proposed620

method, the power of noise is reduced dramatically as shown621

FIGURE 10. The comparison of the enhanced radar speech signal.

in Figure 10f, and the energy stripe of the spectrogram is 622

very clear. The waveforms and spectrograms show that the 623

quality and the intelligibility of the original radar speech is 624

significantly improved by the proposed method. 625

D. PERFORMANCE EVALUATION 626

The evaluation measures results of original radar speech and 627

enhanced speech by four speech enhancement methods are 628

presented in Table 1. It can be seen from the table that the 629

proposed method yields the highest scores, which indicates 630

that the enhanced speech signal processed by the proposed 631

method has the highest speech quality and intelligibility. 632

Despite the PESQ score of enhanced speech by the EMD 633

shrinkage method is lower than the original radar speech, 634

the STOI, CMs scores are all higher than the original radar 635

speech. Combining it with the result of spectrograms, it can 636
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TABLE 2. The Evaluation Measure Results of Radar Speech Corrupted by White Noise Obtained Using Four Enhancement Algorithms.

FIGURE 11. The bar chart of the evaluations measure results of radar speech corrupted by white noise obtained using four
enhancement algorithms.

be indicated that the PESQ may not yield as high correlation637

with speech quality. This suggests that the EMD shrinkage638

method can improve the quality and intelligibility of the radar639

speech. For the other wavelet-hard and wavelet-soft methods,640

though the PESQ and STOI scores are higher than the original641

radar speech, the CMs scores are all lower than the original642

radar speech. It is illustrated that wavelet-hard and wavelet- 643

soft method is invalid to improve the intelligibility at the sac- 644

rifice of the quality of speech. 645

To further verify the effectiveness and reliability of the 646

results, white noise, pink noise and hfchannel noise are 647

selected from the NOISEX-92 database [50], and added to 648
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FIGURE 12. The bar chart of the evaluations measure results of radar speech corrupted by pink noise obtained using four
enhancement algorithms.

TABLE 3. The Evaluation Measure Results of Radar Speech Corrupted by Pink Noise Obtained Using Four Enhancement Algorithms.

the original radar speech with SNR 0, 5, 10 and 15 dB.649

Table 2 shows the evaluation measure results of the orig-650

inal radar speech corrupted by white noise obtained using651

four enhancement algorithms, and the bar chart as shown in652

Figure 11. From the Table 2 and Figure 11, we can find that 653

the proposed method yields the highest scores than the origi- 654

nal radar speech and the other three methods. It is suggested 655

that the effectiveness of the proposed method in removing the 656
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FIGURE 13. The bar chart of the evaluations measure results of radar speech corrupted by hfchannel noise obtained using four
enhancement algorithms.

TABLE 4. The Evaluation Measure Results of Radar Speech Corrupted by Hfchannel Noise Obtained Using Four Enhancement Algorithms.

white noise of the radar speech. The quality and intelligibility657

of the radar speech signal is greatly improved. It also can be658

found that the STOI score is not increased for the other three659

methods, but the CMs score is increased for wavelet-soft and660

EMD shrinkage methods, especially for the EMD shrinkage661

method. It suggests that the EMD shrinkage method can 662

obtain a good tradeoff between the intelligibility and noise 663

reduction, but the results are not entirely satisfactory. For the 664

proposed method, the quality and intelligibility of the radar 665

speech signal can be greatly improved. 666
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TABLE 5. Evaluation of Speech Quality by Four Speech Enhancements.

FIGURE 14. The comparison of the enhanced radar speech signal.

For pink noise, the evaluation measure results are shown667

in Figure 12 and Table 3. For hfchannel noise, the evaluation668

measure results are shown in Figure 13 and Table 4. We can669

find that the proposed method is superior not only in white670

noise but also in pink and hfchannel noise conditions. How-671

ever, we can observe that all the scores are not increased672

to some degree for speech processed by the wavelet-hard,673

wavelet-soft and EMD shrinkage methods in pink noise con-674

dition. For hfchannel noise, the results are consistent with675

that in white noise described above. It also can be indicated676

that the proposed method is quite effective in hfchannel noise677

condition.678

E. FURTHER EXPERIMENTS679

In order to further test the performance of the proposed680

algorithm in improving the quality and intelligibility of681

the original radar speech signal. One English language let- 682

ters ‘‘a-b-c-d’’ detected by 94 GHz asymmetric antenna 683

radar is enhanced by four speech enhancement methods. 684

Figure 14 shows the comparison of the enhanced radar speech 685

signal for the ‘‘a-b-c-d’’. Figure 14a presents waveform 686

and spectrogram of the clean speech signal synchronously 687

acquired. Figure 14b shows the waveform and spectrogram 688

of the original radar speech signal. Figure 14c shows that 689

the noise of original radar speech has not been effectively 690

reduced, and some new noise signal is introduced, this results 691

in severe radar speech distortion. Figure 14d shows the EMD 692

soft method is effective in reducing the combined noise of 693

the radar speech, but there is still too much remnant noise, 694

so the quality of the radar speech was not improved. From 695

Figure 14e, It can be seen that the noise has mostly been 696

removed. However, the clarity of energy stripe is affected 697

to some extent. Figure 14f shows the proposed method can 698

effectively reduce the noise across all of the frequency com- 699

ponents, the quality and the intelligibility of the radar speech 700

signal are greatly improved. These results can be further 701

proved in the Table 5. 702

VI. CONCLUSION 703

In this paper, a 94 GHz asymmetric antenna bio-radar is 704

employed to detect speech signal detection. The structure of 705

the asymmetric antenna bio-radar system has a high gain and 706

the ability to obtain speech signal from remote distance. How- 707

ever, the original radar speech signal is always disturbed by 708

complex noise, which include ambient, electromagnetic and 709

electrical circuit noise. These types of noise greatly degrade 710

the quality of the radar speech. Due to the special charac- 711

teristics of the radar speech signal, a novel method based 712

on VMD, EMD and ITS is proposed to improve the quality 713

and the intelligibility of the original radar speech signal. 714

In our experiments, we show that the proposedmethod clearly 715

outperforms wavelet-hard, wavelet-soft and EMD shrinkage 716

methods. Furthermore, the PESQ, STOI and CMs scores 717

indicate that the proposed method can effectively enhance 718

the quality and the intelligibility of the original radar speech 719

signal. 720
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In conclusion, the proposed method is more suitable than721

the other above mentioned methods for 94 GHz asymmet-722

ric antenna radar speech signal enhancement under different723

noise conditions. In addition, we also conduct a large number724

of comparative experiments to further verify the effectiveness725

of the proposed method in 94 GHz asymmetric antenna radar726

speech signal enhancement.727

The detection experiments demonstrate that the 94 GHz728

asymmetric antenna bio-radar system can effectively detect729

the long-distance speech signal, and extend the capabilities730

of traditional speech detection methods. In the future, due to731

the different detection principles of the radar system, it will732

provide some possibilities for a wide range of applications733

in speech signal processing, such as pitch detection, speech734

production and speech recognition. Moreover, detection the735

vital sign of human through the radar system would also be736

one of the further research directions737

It should be noted that the proposed algorithm is not only738

an effective way to improve intelligibility of the radar speech739

signal while reducing noise. It also has important guiding sig-740

nificance and application value for other millimeter wave and741

centimeter wave radar speech signal and traditional micro-742

phone speech signal enhancement.743
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