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Abstract: The purpose of this study was to extract and analyze features of speech signals using artificial
intelligence techniques, with the goal of improving auditory rehabilitation outcomes. Wav2vec 2.0 was
used to identify phonemes in 2,000 sound files recorded from individuals with hearing impairment. The
average speech intelligibility score was calculated to be over 0.92 %, determined by calculating the
difference between a reference sentence and the sentence obtained through speech-to-text (STT). It was
possible to distinguish individual phonemes accurately from recorded sound files of speech produced
by individuals with hearing impairments, and to measure the intelligibility of their speech by assessing
their speech clarity. Through this experiment, we confirmed the potential to distinguish phonemes
between individuals with normal hearing and those with hearing impairment, as long as the phonemes
are similar to the reference sentence for individuals with normal hearing. Furthermore, it was confirmed
that it is possible to differentiate the accuracy of pronunciation in speech produced by individuals with
hearing impairments, which further supports the potential for assessing speech intelligibility in this
population through phonetic analysis. To validate the effectiveness of artificial intelligence-based speech
signal feature extraction and analysis for auditory rehabilitation, a comparative study on phoneme
extraction between individuals with normal hearing and those with hearing impairment should be
conducted.

Keywords: Auditory Rehabilitation, STT(Speech to text), Phoneme Extration, Speech Intelligibility,
GER(Grapheme Error Rate), Al(artificial intelligence)
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[Z19 1] Wav2vecd] 3%

[Fig. 1] The Structure of Wav2vec

- f:x — Z  Encoder network (€))

-g:Z — C Context network ?2)

Wav2vec BERTS] wlA~F= o] EP(MLM: Masked Language Modeling) %tz 4 o

I Y (CPC: Contrastive Predictive Coding) 7|H oA Gz wol, Anbdo=z S3F
d(Acoustic  model)°| 4]  AF&3F=  MFCC(Mel-Frequency  Cepstral ~ Coefficients),
I B ¥ A (Filter-bank), =¥ E 2 7% (Spectrogram) & HX=9 5A F&F AAES A=
=& 71 4% 2177 5 2(DNN: Deep Neural Network model) ©] TH12][13].

oo b e

2.3 Wav2vec 2.0

Wav2vec 2.0 E WX (Transformer) T3 7|WFY] ASA AW 53 F2(DNN-based
acoustic model)©]T}. Fig 2. Wav2vec 2.0¢] +x& Yeldo ARAE o5 44+ 53
Q1 7 (Muli-layer convolution feature encoder) A= f:y — Z 2 YAl 4 HoJH(Raw)3!
S T A HAo=2 dudsto] ZAlEl 5 3% A (Latent speech representation) zi, . zr = W3+
st} olu, 5 A tstsl7] 984 GELU(Gaussian Error Linear Units) & AR&-3HC} FHAIE E
A ¥ H(Transformer) GAE g Z - C & NF3H X ¢, o = W33 ojuf, $1X
¥ 9 (Positional embedding)°ll 34+ 75 (Convolutional layer)E g3, MHAE FRE
3} X5 (Quantization module) WAl & Z}7] ] &= 8<% (Self-supervised training) S 93] 5% <=
U (Feature encoder) f & 533t z & PQ(Product Quantization)E 3 gt} ojuf, Q2] A B
A (Codebook)®] 7I+E Gebal stal, ¥ AAHCNN)S E4g Il My z € R
"xdgla 71 e u), v E]-O]’\E*’(Tlme step)= dv FAw AAEES S duld wE
2518 Sulske, 2%, 22 o7 RO G AMHEE T, poE a8
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of Z} qE¥Ee] HolHEs SUZEHPIT 2 ABREE PQE T wf, AEHE
o] AEFE] FE=H Yoa Hod MEZo|=(Centroid) & 7Hd 77 AERZo|=9]
HolH= ¥ddr. ¢4y & WHad G/ dHolHES W (Concat)dte] A717F d

W lslar, o A8 W $h(Linear transformation) R ¢ — R/ & A &3} q& A=tk
uj, <=2 3K(Forward propagation)ol A+ 74 7I7he AZ2o]=ZE 2= Argmax S
&35tal, <73k (Backward propagation)| A1 =  Gumbel softmaxE AF83te], &S}
(Quantization)S A% q& HITAH 2R loss ALt &8 4 JUH11][14].

Contrastive loss

L
- YL = =

Transformer

Masked

Quantized
representations

o

(\®)

Latent speech Z
representations

raw waveform A&

[Z1% 2] Wav2vec 2.09] %

[Fig. 2] The Structure of Wav2vec 2.0

- f:y — Z  Multi-layer convolution feature encoder  (3)
-g:Z — C  Transformer “)

- Z = Q Quantization module 5

Wav2vec 2.0 A}FA ¢ (Pre-training) ¥} 391554 (Fine-tuning) ©HAIZ A E T AHAZ
AAEHo A= w27 (Masking)©]  BERT(Bidirectional Encoder Representations — from
Transformers)9h M58 W02 WaHu, A% ehelawd] sgshs Fre] gl

4 RE 2B vpasa, e RROR vpa7d REe FAnE B &
S APASHES W3 IO 11][14]. Wav2vec 2.091 4 AR5 AP EH &84
ol Aefkui].
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[Fig. 3] The Block Diagram of Extracting and Analyzing Characteristics of Speech Signals for Auditory

Rehabilitation of People with Hearing Impairments
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[28 519 (b)ellA HEZEQA AR B Aoy deA gol #rE VTo=®
HEEd GEIe HwHETelY Hlex olmbel @ YRR E 543 Ade
0827301 ATk [ 519 (o)A HRELER] SIAA fF HIAE VIEoE EEd
‘E3 3wy Y wejre] @ HErE SAH3 A= 0.78170A T [28 519 (a), (b),
()N ztelelel wals T mHgH Ad HdoM SAE A FET F
ARom, HzAellel Wats T H3E AUCE)9 AIHES FAdsr] e T
HELEE SAT & I
# stt 21

res = stt(args.file)
json_file = wav_file.parent / pathlib.Path(wav_file.name.replace( “.wav” ,” .json” ))
if json_file.exists():

“ n

with json_file.open( ) as f:
data = json.load(f)
transcript = data[ “annotations” ][ “script” 1]

pronounce = data[ “annotations” ][ “pronunciationForm” 1]

# cer
cer_metric = load_metric( “cer” )
cer_score = cer_metric.compute(
predictions = [to_label(res[ “transcript” 1)1,

references = [to_label(transcript)])

# plot spectrogram

sound = Sound(args.file)

spectral = SpectralFeatureExtractor (sound)

spectral.get_magnitude()

spec = to_array(spectral.get_spectrogram(spectral.magnifude))
width, height = spec.shape

figsize = (1, height/width) if height>=width else (width/height, 1)

figsize = [s*3 for s in list(figsize)]

plt.figure(figsize=figsize)
plt.fitle(f” SE: {transcriptn 2S: {res[ “transcirpt” |Mn Y VS = {1-cer_score:.4f} )

# pause_time
Pause_t imes = IpBoundary(sound.signal, sound.sample_rate).get_pause_times()

[27 4] & Bk wAs A% a2 A=

[Fig. 4] Source Code for Speech Intelligibility
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(a) SH:USF 28 IS 0EZA =LP? 2828 28
4 LS F 2™ AE HEA =L LS QIAlE 2Et
L HZE 1 0.9943
4000
~ 3000 1
z
<F 2000 -
=]
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A12Hs)
(b) 2B : 4@ S8l 0AZR0JE] UK| 2ot 4
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U H=T 108273
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N
z
<F 2000 1

=]
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0.0 1.0 20

(c) BB 58X 9x ol

US ST oI | P o

U H=ZE:0.7818

4000
~ 3000 1
s
< 2000
El
1000 -
0 : . ;
0.0 10 6.0 7.0
[Fig. 5] The Results of Speech Intelligibility
5. 9] 2 AA
= =wdAe A3 AE 7IHE Wav2vee 2.0& o] 835te] A7 Felle SAAAEEEH
T4 5EAE FEsATHI14]. =3, STTE o] &sto] Fzhgdefle] e datatarzt
qu Bl ZEEAN Pl wEd AoRH A4® Tl Z7el
g AAE SAT O AATHI[14]. oW ATl = HgelRle] A Hget
SAEPH STTE Bd IS8 £4e 37440 A wastug A £
2ERGOR Aol RAPOV, STTE o] &8 mgojalst Fgejele] o4 55 o
T F de Tles T olE FI AHA gxRE delHd diEA T
AuE AR F dE FSAS B T 5 A9, g4 FEY fEYS FAT 5
Atk FF, STTE B A58 £ Ty mawshs Ae] oheh Z; wolu
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EAS maEwso=mol WIS EdA HASIL, HAYE HolEHE o]&3lo] STTO
Agstd B ¢ AEEE =Y F JS Aot o]y e e HAHAEY] HeEHS
A3k Daly] AFEuE olygt HAojeEY WS HAA EAE sdstr] 93
2o Hgs = duh I SA AFA Tl S4h dH UHEEE BEAE)
ol thekek dojo] AHgo] rpEIEnE Lfaro] ShgS % wewA TRaPo R
Reker 4= Qo)

6. BAe) 2

AT 20225 W AYor FadAFAte] Ads wop FdE A AA-
Het = 7InE Al Ao A 7 BH(2021RIS-001).
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