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Aypio- Ta BiJEOCHUIKYBaHHS, OOMIH ITOBIIOMJICHHSAMH 1 MEIIaKOHTEHTOM Yy PEXUMI
peaJbHOro 4Yacy CTajld HEBII'€MHOIO CKJIQJOBOIO HAIIOrO MOBCAKIACHHA. TOMYy OCOOJIMBO
aKTyaJbHOI CTAa€ 3ajJada OpraHi3aiii 3aXWIIEeHOTO 3 €JIHAHHS MK JBOMa M OijbIie
yJaCHHKaMH pO3MOBH Ta TiepefaBaHHs iHdopmamii 10 azapecata ©0e3 BHKOPHCTaHHS
npoMikHUX JaHOK.IIIMpoKko BXKUBaHI MPOTOKOJIM NIepeaadl JaHuX, 30kpema, SIP ta RTP He
3aJI0OBOJIBHAIOTH IIMM BHUMOTaM, OCKUIBKH BOHHM Tepen0adaloTh BHKOPHCTAHHS TMPOMIKHHX
CepBepiB I BCTAHOBJEHHS 1 MIATPUMKHU 3’€IHAaHHS MDK KiieHTamu. IIporoxkon RTP
3aCTOCOBY€ TUHAMIYHI aApeCH MOPTiB, YAM CTBOPIOE TPYAHOINI Yy TPOILECI MPOXOHKEHHS
MDbKMepexeBuX ekpaHiB. [ 06xoay wiei mpobiemu 31e011b110r0 BUKOPUCTOBYIOTH STUN-
cepBep, a 1€ NPU3BOAMTH JO 3HWKECHHS IIBUAKOCTI Tepenadi JaHUX Ta CIOTBOPEHHS
Bineo3o0pakeHHs. Takoxk STUN- i1 SIP-cepBepu He € Oesneuynumu nankamu. Crenudikarist
[IUX TPOTOKOJIB 1 CHCTEMY iXHBOTO 3aXUCTY HE 3MIHIOBAJIACS JOCTaTHHO JIOBrO. 3a3HauYeHI
BUIIIE HEAONIKU YCYHYTI Yy KpocOpay3epHOMY Ta KpOCIUIAT(OPMHOMY MPOTOKOIII PEalbHOTO
yacy 3 BigkputuM kogoM WebRTC. Lleit mpoTokon miATpUMY€E CTBOPEHHS 3aCTOCYHKIB JUIS
peanizaii MixOpay3epHUX TOJIOCOBHX J3BIHKIB Ta BiJIe0YaTiB, a TAKOX 00OMiH MefiadaitnamMu
0e3 moTpedu MiAKIIOYEHHS JT0JaTKOBUX 30BHINIHIX YW BHYTpIIIHIX riariHiB [1]. besmeka i
mudpyBaHHS 3a0€31e4yI0ThCsl BOY10BAHUMU KOMIIOHEHTAMH IPOTOKOIY.

s nepenaui nanux WebRTC BUKOPHCTOBYE apXiTEKTypy «TOYKA-TOYKa» Ta MPOTOKOJ
nararpam 6e3nexu TpaHcnoprtHoro piBHsS DTLS. Ieit mpoTokon BOynoBanuii y Bci 6paysepu,
1o miaTpuMyroTh TexHomoriro WebRTC (3okpema, Chrome, Firefox ta Opera).

JlBuryHoMm o0poOku aymio y mporokoni WeDRTC e kommoHeHT, sikuii 3abe3medye
nepeaady rojIOCOBOTO CUTHATY BiJ ayIlOKapTH 0 MepexeBoro intepdeiicy. Bin MicTuth
mmpokocmyroBuii aymiokoaek ISAC aast VOIP i moTokoBOro aysio 3 aganTaIfi€to mBHIKOCTI
nepenayi ganux, kogek Opus 3 MATPUMKOIO JHHAMIYHOTO HAJIAIITYBaHHS OITPEHTy, CHCTEMHU
€XO03arfylleHHs 1 3MeHIIeHHS MyMiB. [IBUryH oOpoOku Bigeo Bkmouyae koaek VP8 Ta
CHCTEMY aJanTuBHOTO BifgeoOydepa Jitter Buffer. Kogek aBroMaTn4yHO miiaiiToBy€eThCs 10
MOTOYHOTO CTaHy 3’€JHaHHSA, Mae€ MiJBHUILEHY CTIMKICTh 1O BTPAaTH MAaKeTiB, MEXaHi3M
diabpTpalii apTedaxTiB, a TakoXkK IpoQ1ii, ONTUMI30BaHI JIJIsl IPOBEACHHS BiICOKOH(EpEeHIiH.
Koneku Opus ta VP8 onrtumizoBani ans pobotH B Mepexi IHTepHer, ne OITpedT mpu
nepeaadi Moxe TMagaTH 0 YK€ MaJIWX 3HA4eHb 4epe3 HU3bKY SIKICTh 3B’SI3KYy, THM CaMUM
BOHU 3a0€31euyI0Th IIUPOKY cepy Bukopuctanus nporokory WebRTC [2].
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