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AHAJIMTUYECKHUA OB30P U KJIACCUDUKAIIUA METO/10B
BBIIEJIEHUSA ITIPU3HAKOB AKYCTHYECKOI'O CUT'HAJIA
B PEYEBBIX CUCTEMAX

N.A.TYPTYEBA, K. Y. B’ KUXATJIOB
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Annomayus. B nannoii pabote mpeacTaBieH 0030p METOJOB U alTOPUTMOB BBIJCICHHS MPU3HAKOB
npu TpaHcHOpPMAIMU AKYCTHYECKOTO CHTHAJa B IOCIEIOBATEIbHOCTh BEKTOPOB IUIS PEIICHHS 3a1ad
CEeTrMEHTAINH, KIacCH(UKANH, HACHTH(UKALNH WIH paciio3HaBaHus pedn. [Ipemioxkena kiraccupuxanus
METO/IOB U3BJICUCHHS MPHU3HAKOB [0 MaTeMaTn4eckuM noaxonam. OOCyKAal0TCs alrOPUTMBI U TEXHUKU
CIEKTPAILHOTO aHaln3a, Hauboyiee MpUMEHsIEMblEe TIPY MPOCKTHPOBAHUK CHUCTEM PACIO3HABAHUSI PEyU.
HacTosmmit 0030p HariasgHO OEMOHCTPHUPYET CIOXHOCTh TPOOJIEMBI aKyCTHYeCKOil 00paboTKu —
OTBICKaHUA HOPCACTABJICHUA, CHWKAKOLIETO PasMCPHOCTL MOACIU IIPpU COXpPAaHCHHUU  IMOJIHOTHI
JIMHT'BUCTUYECKOMN I/IH(I)OpMaHI/II/I ", 4TO BaXXHO, YCTOIZHHBOFO K BapUAaTUBHOCTHU OTHOCHUTECJIBHO OUKTOpPA,
KaHAaJIOB IIepeiadyr M OKpyXKaromei cpeapl. [IpoBeeHHbIN aHAIN3 CYIIECTBYIOMNX METOI0OB H3BICUCHUS
NPU3HAKOB IIOJIE3€H JUIS BBIOOpA TEXHOJOTWUH IPU TPOSKTHPOBAHUH KIOYEBOTO JIIEMEHTa DPEUeBOM
CHUCTEMBI.

Knrouesnvle cnosa: pacnio3HaBaHHe pedw, peodOpazoBanue Dypre, KeTCTPAIbHBINA aHAIH3, JHHEHHOE
nmpeacka3zaHrue, METOAbI BEIACIICHUA MIPU3HAKOB
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