CoBpeMeHHBIe IPOOIEMBI HHTEIUIEKTyaIbHBIX CHCTeM. PecyOnukanckas HayqHO-IpakTHIecKas koHdepennus. Jxu3ak, 18-19 anpens 2025 &

algorithms based on Singular Value Decomposition and Hidden Markov Model,"” 2021
International Conference on Information Science and Communications Technologies (ICISCT),
Tashkent, Uzbekistan, 2021, pp. 01-03, doi: 10.1109/ICISCT52966.2021.9670357.

3. Musaev, M., Abdullaeva, M., Ochilov, M. Advanced Feature Extraction Method for
Speaker ldentification Using a Classification Algorithm. AIP Conference Proceedings, 2022,
2656, 020022

4. S. Kamoliddin Elbobo ugli, K. Shokhrukhmirzo Imomali ugli and K. Umidjon Komiljon
ugli, "Uzbek speech commands recognition and implementation based on HMM," 2020 IEEE 14th
International Conference on Application of Information and Communication Technologies
(AICT), Tashkent, Uzbekistan, 2020, pp. 1-6, doi: 10.1109/AICT50176.2020.9368591.

5. K. Shukurov, U. Berdanov, U. Khasanov, S. Kholdorov and B. Turaev, "The role of
adaptive filters in the recognition of speech commands,” 2021 International Conference on
Information Science and Communications Technologies (ICISCT), Tashkent, Uzbekistan, 2021,
pp. 1-4, doi: 10.1109/1CISCT52966.2021.9670084.

6. J. Tang, X. Chen and W. Liu, "Efficient Language Identification for All-Language
Internet News," 2021 International Conference on Asian Language Processing (IALP), Singapore,
Singapore, 2021, pp. 165-169, doi: 10.1109/IALP54817.2021.9675270.

7. L. Sun, "Language Identification with Unsupervised Phoneme-like Sequence and TDNN-
LSTM-RNN," 2020 15th IEEE International Conference on Signal Processing (ICSP), Beijing,
China, 2020, pp. 341-345, doi: 10.1109/ICSP48669.2020.9320919.

8. J. K. Van Dam and V. Zaytsev, "Software Language Identification with Natural Language
Classifiers,” 2016 IEEE 23rd International Conference on Software Analysis, Evolution, and
Reengineering (SANER), Osaka, Japan, 2016, pp. 624-628, doi: 10.1109/SANER.2016.92.

NUTQ SIGNALLARINI INTELLEKTUAL TAHLIL QILISH ALGORITMLARI
TAHLILI

Abdirazakov Faxriddin Bekpulatovich
Muhammad al-Xorazmiy nomidagi Toshkent axborot texnologiyalari universiteti,
Kompyuter tizimlari kafedrasi, doktoranti
faxriddinabdirazzogov@gmail.com
Nasirov Sulton Uali o‘g‘li
Muhammad al-Xorazmiy nomidagi Toshkent axborot texnologiyalari universiteti, ATDT
kafedrasi, doktoranti
sultan250593@gmail.com
Husanov Urolboy Abdumannon o‘g¢li
Muhammad al-Xorazmiy nomidagi Toshkent axborot texnologiyalari universiteti,
Kompyuter tizimlari kafedrasi, o‘gituvchisi
khusanov.u8377@gmail.com

Annotatsiya: Ushbu magolada nutq signallarini intellektual tahlil gilishda go‘llaniladigan
zamonaviy algoritmlar va ularning ilmiy-amaliy ahamiyati ko‘rib chigiladi. Sun’iy intellekt va
mashinali o‘rganish texnologiyalarining rivojlanishi natijasida nutq signalini avtomatik gayta
ishlash, xususiyatlarini ajratib olish va tanib olish imkoniyatlari kengaymoqgda. Tadgigotda
MFCC, CNN va RNN kabi ilg‘or metodlar asosida modellashtirish jarayonlari tahlil gilinadi.
Nutgni matnga aylantirish, gapiruvchini identifikatsiyalash hamda kontekstni tushunish kabi
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muammolarni hal gilishga xizmat giluvchi algoritmlar yoritiladi. Natijalar intellektual ovozli
interfeyslar, xavfsizlik tizimlari va lingvistik ilovalarda go‘llanishi mumkin.

Kalit so‘zlar: nutq signali, intellektual tahlil, sun’iy intellekt, MO, MFCC, CNN, RNN,
tanib olish, identifikatsiya, ovozli tizimlar.

AHAJIN3 AJITOPUTMOB UHTEJUIEKTYAJIBHOM OBPABOTKH PEUEBBIX
CUI'HAJIOB

AHHOTamusi. B jaHHOW cTaThe paccMaTpUBAIOTCS COBPEMEHHBIC — aJTOPUTMBI,
MPUMEHSEMbIC 11 WHTEUICKTYaJlbHOTO aHalM3a pPEUYEBBIX CHUTHAJOB, a TaK)Ke WX HAy4HO-
MpaKTUYECKOe 3HaueHHue. Pa3BUTHE TEXHOJOTHM HMCKYCCTBEHHOTO HMHTEIUIEKTa U MAIIMHHOIO
oOydeHHUsI pacmupsieT BO3MOXHOCTA aBTOMATHUYECKOH OOpabOTKM pPEUYeBHIX CHUTHAJIOB,
W3BJICUYCHHS] TPU3HAKOB M paclo3HaBaHus. B wuccienoBaHuM aHAIM3UPYIOTCS MPOLIECCHI
MOJCJIMPOBAaHUS HAa OCHOBE Takux nepenoBbix MmetronoB, kak MFCC, CNN u RNN. Taxxe
paccMaTpUBalOTCS  aTOPUTMBI, TPUMEHSEMbIC i1 TpeoOpa3oBaHUs pPEeUYd B TEKCT,
UICHTU(UKAIIMN TOBOPALIETO M MOHUMaHUs KoHTeKcTa. [lomydeHHble pe3yabTaThl MOTYT OBIThH
WCIOJIb30BaHbl B MHTEJUIEKTYaJbHBIX TOJOCOBBIX HHTepdeiicax, cucTteMax Oe30MacHOCTH U
JIMHTBUCTUYECKHUX TTPHIIOKCHUSX.

KitoueBble cioBa: peyeBOil CUTHANl, WHTEIUICKTYaldbHBIM aHaldW3, HCKYCCTBEHHBIN
unremiekt, MO (mammnaHoe o0ydenne), MFCC, CNN, RNN, pacnio3naBanue, uaeHTupuKanus,
TOJIOCOBBIC CHCTEMBEI.

ANALYSIS OF ALGORITHMS FOR INTELLIGENT PROCESSING OF SPEECH
SIGNALS

Annotation: This paper examines modern algorithms used for the intelligent analysis of
speech signals and their scientific and practical significance. The development of artificial
intelligence and machine learning technologies has expanded the capabilities of automatic speech
signal processing, feature extraction, and recognition. The study analyzes modeling processes
based on advanced methods such as MFCC, CNN, and RNN. It also explores algorithms used for
speech-to-text conversion, speaker identification, and context understanding. The results may be
applied in intelligent voice interfaces, security systems, and linguistic applications.

Keywords: peech signal, intelligent analysis, artificial intelligence, ML (machine learning),
MFCC, CNN, RNN, recognition, identification, voice systems.

So‘nggi yillarda sun’iy intellekt (SI) va mashinali o‘rganish (MO¢) texnologiyalarining jadal
rivojlanishi inson va kompyuter o‘rtasidagi tabily mulogotni ta’minlash borasida yangi
imkoniyatlar yaratmoqda. Aynigsa, nutq signallarini avtomatik tahlil qilish, tanib olish va
mazmunini anglash texnologiyalari turli sohalarda — jumladan, xavfsizlik tizimlari, mobil ilovalar,
ovozli interfeyslar, tibbiyot, robototexnika va ta’limda katta amaliy ahamiyat kasb etmoqgda[1].

Mel-chastotali kepstral koeffitsiyentlar (MFCC), Chroma, Spectral Contrast kabi
xususiyatlarni ajratish metodlari nutqdagi eng muhim parametrlarni ifodalab beradi. Shu bilan
birga, konvolyutsion neyron tarmoglar (CNN) vizual va fazoviy xususiyatlarni aniglashda,
rekurrent neyron tarmoglar (RNN, aynigsa LSTM va GRU variantlari) esa vaqt bo‘yicha
o‘zgaruvchan ketma-ketliklarni tahlil gilishda samarali natijalar bermoqda.

Hozirgi kunda nutgni tanib olish (ASR — Automatic Speech Recognition), gapiruvchini
identifikatsiyalash (Speaker Identification), nutqdagi ma’noni tushunish (Speech Understanding)
kabi yo‘nalishlarda yuqoridagi algoritmlar keng qo‘llanilmoqda. Aynigsa, ko‘p tillilikni qo‘llab-
quvvatlaydigan va kam resursli tillar uchun modellar yaratish dolzarb masala bo‘lib qolmoqda.
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Ushbu magolada nutq signallarini intellektual tahlil gilishga garatilgan zamonaviy algoritmlar,
ularning ishlash tamoyillari, afzalliklari va real ilovalardagi go‘llanilishi yoritiladi. Tadgiqgot
natijalari turli sun’iy intellekt tizimlarining samaradorligini oshirishda, shuningdek, o‘zbek tilidagi
nutqgni avtomatik tahlil gilish uchun asos yaratishda muhim ahamiyat kasb etadi. Nutq signallarini
intellektual tahlil qilish jarayoni ko‘p bosgichli va murakkab struktura asosida tashkil etiladi. Har
bir bosgichda turli algoritmik yondashuvlar va modellar gqo‘llaniladi, ular o‘ziga xos vazifalarni
bajaradi va yakuniy natijaga erishishda muhim rol o‘ynaydi. Ushbu bosqgichlar ketma-ketlikda
bajariladi va ular bir-biriga uzviy bog‘langan holda ishlaydi. Quyida ushbu jarayonlarning asosiy
bosqichlari batafsil yoritiladi:

e Signalni ragamlashtirish (Digitization). Dastlabki bosgichda analog shakldagi nutq
signali ragamli formatga aylantiriladi. Bu jarayon odatda diskretlashtirish (sampling) va kvantlash
(quantization) amallari orgali amalga oshiriladi. Signalni ragamli ko‘rinishga o‘tkazish orgali uni
kompyuterda gayta ishlash imkoniyati yaratiladi. Bu bosgichda tanlangan namuna olish chastotasi
(sampling rate) va bit chuqurligi (bit depth) natijaviy sifatga bevosita ta’sir ko‘rsatadi[2].

e Xususiyatlarni ajratish (Feature Extraction). Ragamlashtirilgan signalning ma’no va
strukturasini ifodalovchi asosiy xususiyatlar ajratib olinadi. Bu bosgichda signalning spektral,
vaqtli va fazoviy xususiyatlari aniglanadi. Eng ko‘p go‘llaniladigan metodlardan biri bu MFCC
(Mel-Frequency Cepstral Coefficients) bo‘lib, u signalning asosiy tovush elementlarini
(formantalar, spektral energiya va h.k.) gisqacha va samarali tarzda ifodalaydi.

e Modellashtirish (Modeling): Vaqt va fazo bo‘yicha ajratilgan xususiyatlar asosida nutq
signali modellashtiriladi. Bu bosqgichda fazoviy (spatial) va vaqtli (temporal) o‘zgarishlar inobatga
olinadi.

Masalan: CNN (Convolutional Neural Networks) spektrogramma asosida fazoviy
xususiyatlarni aniglaydi, tovushdagi kerakli strukturalarni o‘rganadi.

RNN (Recurrent Neural Networks) esa vaqt bo‘yicha ketma-ketlikni modellashtirishda
samarali bo‘lib, nutgning davomiyligi va kontekstual bog*lanishini hisobga oladi.

e Kontekstni tushunish (Context Understanding). Bu bosgichda tizim signal tarkibidagi
so‘zlar, gaplar yoki semantik birliklar o‘rtasidagi bog‘liglikni aniglaydi. Aynan shu bosgichda
gapiruvchining niyati, savol yoki buyrug‘i tushuniladi. Transformer arxitekturalari, BERT,
Whisper, wav2vec 2.0 kabi modellar aynan shu bosgichda yuqori natijalar beradi.

e Tasniflash va tanib olish (Classification & Recognition). Oxirgi bosgichda model
tomonidan ishlab chigilgan vakillik (representation) asosida so‘z, gapiruvchi yoki ifoda
aniglanadi. Bu bosgichda model natijalarni Kklasslarga ajratadi (masalan: so‘zlar to‘plami,
gapiruvchilar ro‘yxati, buyruglar). Softmax, CTC (Connectionist Temporal Classification), yoki
beam search decoding algoritmlari go‘llanilishi mumkin[3].

1-jadval.Algoritmlar tahlili.

Algoritm Asosty Afzalliklari Kamchiliklari Qocllanilish
vazifasi sohasi
parallel ketma- nutgni matnga
ket"‘flr?';ah"' L i | iudakattahajmli | aylantirish (ASR),
Transformer grtish, Juda samaratl, ma’lumot va mashinaviy
kontekstni parallel ishlaydi - . .
chuqur resurs talab giladi | tarjima, ovo_zll Al
. . yordamchilari
o‘rganish
Attention muhim k.ICh.'k model CNN yoki RNN nutgni
segmentlarga ichida ham . o
(Self- v . : bilan birgalikda segmentlarga
. e’tibor kontekstni yaxshi ) A .
Attention) . . ishlatiladi, ajratish,
garatish, ushlaydi
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kontekstni kontekstni
aniglash tushunish
DeepSpeech | nutgni matnga | soddalashtirilgan kam resursli ASR tizimlari,
(Deep aylantirish struktura, real tillarda ma’lumot | ovozdan yozuvga
Learning (speech-to- vaqtda ishlashi yetishmovchiligi aylantirish
ASR modeli) text) mumkin seziladi ilovalari

matematik asosda

ishonchli, nazariy kontekstni chuqur

HMM ketma-ketlikda ihatdan ushlay olmaydi, Klassik nutqni
(Yashirin ehtimollik . hozirgi zamonaviy tanib olish
Markov asosida isbotlangan va modellar bilan tizimlari, tarixiy
modeli) modellashtirish jihlé?gzmtcg‘ri ragobat gila ASR arxitekturasi
ishlaydi. olmaydi

Tadgigotda nutq signallarini intellektual tahlil gilishda qo‘llaniladigan algoritmlar —
MFCC, CNN, RNN, Transformer, Attention, DeepSpeech va HMM — nazariy va amaliy jihatdan
tahlil gilindi[4]. Har bir algoritm nutgni gayta ishlashning ma’lum bosgichida samarali bo‘lib,
o‘ziga xos afzallik va cheklovlarga ega. Xulosa gilib aytganda, nutq signalini samarali tahlil gilish
uchun bosgichma-bosgich yondashuvlardan kompleks foydalanish zarur. Ushbu yondashuvlar
o‘zbek tilidagi ovozli texnologiyalarni rivojlantirishda muhim asos bo‘lib xizmat giladi.
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