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Abstract - Throat microphone (TM) is a body-attached transducer that is worn against the neck. For the bone-conducted 
sensor, the Throat Microphone (TM) recorded speech lost intelligibility and naturalness. In this work, the quality and 
intelligibility of Throat Microphone (TM) speech are improved by artificial bandwidth extension using GMR-LPC based 
Method. The proposed study consists of two phases. Initially in the first phase, the high band spectrum is estimated as a 
mixture of down sampled LP residual of TM speech and a modulated white Gaussian noise. Then in the next phase, the lost 
spectral content of Throat microphone (TM) speech in the high band at 4–8 kHz is estimated using a Gaussian mixture 

Regression (GMR) mel spectrum extension with a discrete wavelet transform (DWT) filter bank implementation. For that 
the high band mel spectrum is retrieved from the high frequency spectral components present in the low band and GMR is 
used for machine learning. Then the spectrum is divided into sub bands using DWT and each band is weighted by the 
spectrum obtained in the earlier phase to realize the estimated high band. Therefore, the artificial bandwidth extended output 
is obtained as the addition of the high band and the original Throat Microphone (TM) speech. Experiments are performed to 
evaluate the proposed method scheme using objective and subjective tests. Both tests yield that the proposed technique 
improves the quality and intelligibility of Throat Microphone (TM) speech. 

 

Keywords - Speech enhancement, Throat Microphone, Gaussian Mixture Regression, Mel Frequency Cepstral Coefficient, 
Wavelet Decomposition, Linear Prediction Residual. 

 

I. INTRODUCTION 

 

Bone-conducted [1] sensors acquire speech signals by 

recording vibrations of the throat, skull, and the skin 

behind the ear etc. Generally Throat microphones use 

piezoelectric sensors to collect vibrations via contact 

with solid objects called transducer. It can collect 

speech signals in any kinds of noisy or adverse 
environments and make comfortable communication. 

But for the reduction properties of the bones, the 

acquired speech suffers from various missing high-

frequency elements and degradation of speech quality 

and comprehensibility [2]. So the objectives in this 

work are to retrieve all missing frequency in high 

band and enhance its quality and intelligibility. 

Previous work by Radha in [3] improves the 

performance of automatic speech recognition (ASR) 

by throat microphone with mixed of mel-frequency 

cepstral coefficient (MFCC) and HMM framework. 

The result of this combined method represents a 
noticeable enhancement. Another study by Vijyan in 

[4] enhances the throat microphone speech with the 

TM vibrations and generates the corresponding 

speech sound using mel frequency cepstral coefficient 

(MFCC). The study by Hannu Pulakka in [5][6] 

shows the quality and comprehensibility 

improvement of narrowband telephone speech by 

artificial bandwidth extension. Listening tests indicate 

that this method improve performance of narrowband 

speech. In the paper by Virgilijus in [7] shows a 

blend of both throat and normal microphones 
permitted identifying a set of three voice parameters: 

throat-signal-to-noise ratio, normal-shimmer, and 

normal-normalized noise energy, which provided the 

correct classification rate of 80.3%. 

To enhance the quality and comprehensibility of TM 

speech, in the paper a GMR-LPC based artificial 

bandwidth extension (ABE) method have been 

proposed. It attempts to regenerate the lost spectral 

material at the receiver based on TM input that means 
no changes are required to the existing encoding 

practices. This work addresses ABE to the frequency 

range 4–8 kHz, which is denoted as the high band. 

The frequency range below 4 kHz is denoted as the 

low band. This work explains a new Artificial 

bandwidth extension method that combines a wavelet 

filter bank method with GMR-based estimation of the 

high band mel spectrum. The GMR predictor 

employed in this work is based on the reconstruction 

method proposed in [8] for missing data imputation in 

automatic speech recognition (ASR). In this work, 

high band signal is generated with combination of 
down sampled LP residual and Gaussian White noise. 

The proposed GMR-LPC system is experiment in a 

listening test where the system output is compared to 

throat microphone speech and Acoustic microphone 

speech output.  

 

The rest of this paper is organized as follows. Section 

2 explains the proposed GMR-LPC based method for 

throat microphone speech enhancement. Section 3 

elucidates the experimental results of speech 

enhancement, and Section 4 discusses conclusion and 
further research prospects. 
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II. GMR-LPC BASED METHOD 

 
The proposed GMR-LPC based technique calculates 

mel-spectral features from 16 kHz Throat 

Microphone input signal in short time frames. The 

artificial bandwidth extension is implemented in two 

phases. The high band mel spectrum is estimated by 

employing a Gaussian Mixture Regression (GMR) 

machine learning algorithm and then, a linear 

prediction (LP) residual with temporal time 

structureon time domain  is generated so that the high 

band mel spectrum is approximately understood. 

A block diagram of the propose GMR-LPC based 

method is illustrate in Fig-1 
 

 
Fig-1 : Block diagram of GMR-LPC based Method 

 

A. Preprocessing Step 

We take a 16 kHz Throat Microphone (TM) input 

signal. It is down sampled at 8 kHz for temporal fine 

structure and linear prediction residual in high-band 

synthesis. So in preprocessing step, we perform pre-

emphasis filter (H (x) = 1-0.97x−1 ). Now decompose 

TM signal into two bands low-band and high-band 

using a band pass filter. The frequency range between 
4–8 kHz that is indicated as the high-band. The 

frequency scale under 4 kHz is referred as the low-

band.  

 

B. Speech Feature Extraction 

Here firstly the speech signal is windowed using 

hamming window with 16ms frame size and 8ms hop 

size. Then each frame is transformed into frequency 

domain using 256-point FFT and mel spectrum is 

determined from the magnitude spectrum using a mel 

filter bank which includes overlapping triangular 
windows with identical width on the mel scale. Here 

we get 50 bands in the filter bank that covers 

frequencies up to 8 kHz. The feature values are also 

log-compressed before the highband estimation. Here 
fifty (50) Mel Frequency Cepstral Coefficient [9] 

values are generated for both low and high band 

speech signal. 

 

C. High-band Prediction 

In high band prediction, the artificial bandwidth 

extension task is a prediction problem with an 

objective to determine the lost frequencies in the 

frame based on input information derived from the 

lowband signal. In this work, we use a parametric 

Gaussian Mixture Regression [10] algorithm to solve 

this problems. 

Given observations (e.g., low band), x ϵℝdx and goals 

(e.g., highband), y ϵℝdy  where dxis dimensionality of 
the observation, and dy is dimensionality of the goal 

space, we take the joint data samples, (x; y), follow 

the Gaussian mixture distribution with K mixture 

components is defined as 

P (x, y) = πk
K
k=1  P(x, y;μk , Λk)       (1) 

Where P(x, y;μk , Λk ) is the multivariate Gaussian 

density function. The parameters of model include 

prior weight  πk  , mean μk=[μk,xμk,y]T, and variance 

Λk  = [ Λk,xΛk,xy  ; Λk,yx Λk,y ], of each Gaussian 

components. 

The learning can be done with a Gaussian Mixture 

Regression, using EM procedure with K-means 
initialization. The prediction given a new input can be 

acquired by estimating expectation over P (y | x) is 

defined as : 

E [ P (y | x) ] = mk
K
k=1 wk (2) 

 

where wk is the mixing weights. 

Now we decompose the high-band prediction 

coefficient with 2D wavelet decomposition method. 

In this process, the high-band prediction coefficient is 

decomposed by 2D wavelet approximation 

coefficient. We get 5 sub-bands in approximation 

coefficient techniques. 

 

D. Linear Prediction Residual  

The LP residual [11] is computed from the 8 kHz 

utterance with LP order 10. The LP residual is the 
difference between the original and linear prediction 

signal. The residual is changed with a formant 

filtering approach like the short-term post filtering 

employed in particular speech coders for noise 

elimination. This technique amplifies formant 

frequencies and attenuates spectral valleys, and thus 

retrieves a weak formant structure to the residual in 

order to attenuate possible noise at spectral valleys. 

 

E. High band Generation 

To generate a temporal fine structure of signal, firstly 
generate a white noise and then modulated with down 

sampled pass band signal. Now the pass band signal 

between 2 – 3 kHz is estimate from the 8 kHz input 

speech. This frequency ranges give a good human 
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sounding voice when it done correctly. The time 

envelope of the pass band signal and the white noise 
are modulated with amplitude modulation to produce 

frame wise temporal fine structure of TM speech. 

Now excitation mixing is performed by combining 

these two signals. So when combine two signals 

together, we will get a third harmonic signal. So 

before excitation mixing operation, the energy of the 

modulated noise signal is normalized in every frame, 

and that noise is then mixed with the Linear 

Prediction residual. As a compromise between the 

best, loud sound of the residual and also the creaky 

sound of the modulated noise, the residual signal is 

given much weight in the minimum 3 subbands and 
the modulated noise signal in the maximum 2 

subbands. Then the excitation signal is multiplied by 

discrete wavelet filter bank [12] gain coefficient and 

consecutive frames are mixed by overlap-add using 

the Hamming window to create a continuous 

excitation signal. The highband utterance usually 

states to the acoustic bandwidth of 50–7000 Hz that 

gives a significantly good speech quality with clear 

and louder sound. The technology and standardized 

techniques remain for the transmission of highband 

speech. Lastly, the excitation signal is filtered with 
the bandpass filter and the passband signals are added 

together and summed with 16 kHz Throat 

Microphone signal to acquire the artificial bandwidth-

extended signal. 
 

III. EXPERMENTAL RESULT 

 

We use Acoustic and Throat Microphone ATR503 

Japanese data set to perform this work. The data set is 

recorded using 2 channel microphones, an acoustic 

microphone and a throat microphone in a soundproof 

room. This data set contains 8 males and 6femalesin 

total of 14 speakers. Audio data is recorded at 44 kHz 

and then down sampled to 16 kHz. So this data set 

contains total of 302 acoustic microphone and 301 

throat microphone speech signals, respectively. In the 
calculation of PESQ [14] result for the distorted and 

improved utterance signals are initially level-

equalized to a standard listening level. The distorted 

and improved speech signals are represented in the 

time domain to precise the time delays between these 

two signals. Commonly, the mean opinion score 

(MOS) test the standard of an speech signal on a 5-

point scale, with 1 representing bad and 5 

representing to superb speech quality. The maximal 

PESQ outcome equivalents to the very good speech 

quality. Table-1 shows the quality comparisons in 
terms of the PESQ. 

 

Speech No. 

Perceptual Evaluation of Speech Quality (MOS-LQO) 

Acoustic and TM Speech Acoustic and proposed ABE Speech 

Narrowband Wideband Narrowband Wideband 

1 3.94 2.60 4.03 3.30 

2 2.05 1.60 2.11 1.68 

3 1.93 1.45 2.00 1.56 

4 2.12 1.57 2.19 1.65 

5 1.69 1.38 1.74 1.43 
Table 1.  Represent comparison of pesq score 

 

Table-1 shows the objective quality comparison in 

terms of the Perceptual Evaluation of Speech Quality 

(PESQ). The comparison is performed between the 

distorted signal and the improved signal. Every time 
ABE is outperform TM signals. We also performed a 

subjective listening test, which is considered to be 

more accurate and reliable. For the subjective 

listening test, 7 subjects (4 males and 3 females) are 

requested to compare and rate the GMR-LPC based 

ABE signals, the Throat signals, and the Acoustic 

signals under different speech signals. Seven different 

speech signals are concatenate to use for this 

measurement. The listeners are requested to listen to 

the sentences on Acoustic, Throat and GMR-LPC 

based ABE signal and rate them on a scale from 1 to 

5. The speech rating is illustrated in Table 1.2. 

Table-2 shows that the Acoustic microphone 
performance is better in noise free environment that’s 

why its listening test result is good. Whereas the 

Throat microphone speech quality is not so good 

because most of the listener doesn’t understand 

properly due to limited bandwidth properties but 

GMR-LPC based ABE signal get good feedback to 

compare to Throat Microphone, in this table ABE 

signal always outperform Throat Microphone signal.

 

Speech No. Listener (type) Acoustic Throat Proposed ABE 

Speech-1 Male 5 2 3 

Speech-2 Male 4.9 2.50 3.4 

Speech-3 Male 5 2.95 3.60 

Speech-4 Male 4.85 1 2.8 

Speech-5       Female 4.99 1.9 3.5 

Speech-6    Female 4.9 2.8 3 
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Speech-7     Female 5 3 4.2 
Table 2.  Subjective listening test among speech signal 

In Figure- 2 we represent spectrogram among 

Acoustic, Throat and Artificial bandwidth extension 

signal. In this representation, we see that Acoustic 

speech signal and GMR-LPC based artificial 

bandwidth extension signal spectrogram which 

sufficiently improves the high band frequencies are 

almost same. The ABE signal retrieves almost all 
missing frequencies compare to Throat Microphone 

signal. But it can’t retrieve all missing frequency. 

 

 
Fig-2: Spectrogram Comparison among signals 

 
Lastly we show the formant analysis. The 

formants are the outcome of energy peaks in a more 

or less narrow zone of the spectrum. In short, they 

can be compared with resonances. The Acoustic, 

Throat and GMR-LPC based ABE signal LPC spectra 

are shown in Fig- 1.3. In this figure, it shows that the 

GMR-LPC based ABE signal improves the speech 

frequency contents as compared to its previous 

version. We see that the Throat Microphone signal 

hasn’t any spectral tilt in 7 kHz frequency but ABE 

signal has that tilt as illustrated in table 1.3. Not only 
one stage that ABE signal outperforms Throat 

Microphone signal almost every stages.  

 
Fig-3: LPC spectrum comparison among signals 

Signal 

Type 

LPC Frequency Spectrum 

F1 F2 F3 F4 F5 

Acoustic 478 1517 2722 4269 7104 

Throat 397 2124 2614 5087 - 

Proposed 

ABE 
482 1875 2663 4632 6760 

Table 3. Comparison of lpc frequency spectra 

 

IV. CONCLUSION 

 

The research proposed a novel method to improve the 
quality and intelligibility of Throat Microphone (TM) 

speech by artificial bandwidth extension using GMR-

LPC based Method. The study tried to find out the 

missing frequencies in the high band of throat 

microphone speech. For that it used GMR based 

machine learning algorithm that learned the high 

frequency contents in the low band of throat 

microphone speech and mapped in to high band.  

 

The GMR-LPC based artificial bandwidth extension 

signal is better than the throat microphone signal but 

not good enough as clean acoustic microphone signal. 
Because ABE signal is based on throat microphone 

signal and this microphone lost various frequencies 

compared to the acoustic microphone. However, the 

ABE signal retrieved some frequencies. In future, we 

will try to recover all the missing frequencies and 

make ABE signal sound as good as acoustic 

microphone signal in a noisy environment. 
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