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B npeonacaemoti pabome npueeden kpamkuii 0630p Haubojee NPUMEHAEMbIX MemMOOUK 6 obnacmu
Mooenuposanusi  pacnosHasanusi  pedu.  OOCysncOaromess  paziuunble  NPUHYUNGL  MPAHCKPURYUL,
paspabomanuvie KOHCOPYUYMOM TUHSBUCTIUYECKUX OanHblx. Onucamvl npoosemvl OYeHKU YPOGHs
Yenoeeyeckoll  dphexmusHocmu npu  peweHuu  3a0ayu  paAcno3HAGAHUs peuu, NPOAHATUSUPOBAHbL
MUunuYHble OUUOKU, DONYCKaemble npu IMom uenoeexom. Ilokaszano, umo oou 0eMOHCMpPUPYIom 6blCOKULL
VPOBEHb CO2NACOBAHHOCTU NPU MOYHOU MPAHCKPURYUL NPEOSAPUMETbHO NOO20MOBNICHHOU AH2LOSA3bIYHOU
peuu u  Obicmpol  MPAHCKpUnyuu paseo8opHol menegonnol peuu. Ilokazano maxoce, 4mo c
603DACMAHUEM CTIONCHOCIU pedll 803pACmaem NOKA3amelb PASHOYMEHUll Mexcoy 08yMs u bojee
Hezasucumvimu  cmenozpagucmamu. Ilpusedenvt pe3ynrbmamvl CPAGHUMENbHO20 AHAIUIA  OWUOOK,
2EHEePUPYEMbIX Peyesoll CUCMeMOl U OONYCKAeMblX yenoeekom. llpoananuzuposanvl ux cxoocmea u
pasauqus. Ilepeuucnenvt coepemenHbie npobiembl A8MOMAMUYECKO20 PACNO3HABAHUS Peyl, OYeHeHbl
NepCReKmuBbl UxX PeuleHust U ONpeodeieHbl HanpasieHus. 6YOYUUX uccie008aHul.

KnoueBble cj10Ba: MCKYCCTBEHHBI WHTEJUIEKT, UCKYCCTBCHHBIC HEHPOHHBIE CETH, paclio3HaBaHUE
pedn, rmyookoe o0ydeHue, 3pEeKTHBHOCTD YEIIOBEKa.
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