Media Server - Introduction

Media Server - f&H 77

Media Server - Call function

Media Server - IVR function

Media Server - EE{E & 20MH#

WebRTC P2P Browser to Browser call control

Browser to Server call control for media play & record - fRlpfEs{&imEE
Browser to SIP/PSTN call control - {81 23+ 853

WebRTC Streaming Broadcasting - 4¢_ - H %

Video/Audio Inbound/Outbound Conferencing - 6 5 fR:R
NAD(Network Announcement Detection) for outbound call - #MEEEZ{EH]
. Screen Sharing over WebRTC - &HEH=TE

Audio Transcoding & Video Transcoding

. WebRTC Live Demonstrations :

A S BN A et e

—_

Lin Chih-Cheng phone:0928260333 email:lin260333@gmail.com



)=

Meida Server — i i

Media Server #2t5z# IVR / Audio / Video / Conference / WebRTC /

CTl .. FEAMEM, —& T DAEIFEEIS12(R4RES » 25 Tk o] LIS
FSEEETE A FE LM AE 0 MSEIMEFZ e HE BT
F2 o e PRI IS 2 LU FH RS

Channel Interface : Analog, T1,E1,ISDN, SS7, SIP , WebRTC
Board Interface :

Dialogic : D/300ESC, D/600JCT-2E1,DMV/120

NMSS : CG6000,CG6060,CG6565.

SS7 : Dialogic SIU
Network Interface : TCP/IP, HTTP , HTTPS , FTP , WSS, RTSP

Audio Codec : G711-Mulaw(8K) , G711-Alaw(8K) , iLBC(8K) ,
AMR-NB(8K) , AMR-WB (16K), OPUS(48K)
Video Codec : H263 , H264 , VP8 , VP9 , VP9-SVC



SIS

Meida Server — # {7

HR/IFEERE EHEH
Ri2H | #HTRAE

‘ bR L

-_-: VO -1E11J_1|"| el

— MiEiTat S SHEAE - Fai

P s TP
A i Dow¥nLoad T4
1057 R Timeout EIFF

VoiceEdit FloafEdit DataEdit Confignre  Jowmal Message Quat

I30L-E3EL-ETG
Media-Server YERSION 5.10

P

EH( %%Bﬁ_ﬂﬂ )
!_ Al KB | :

— Channel Message
Event / Cnunt.&

Line Module Step CuuntB

#9957 ——oun (I (2] (P9 ST00) (Tl
SEBEH || o2 (07 | [o]o[oo]1] [o[o[a[a)
LR | oo I 0 | [oTo[o[ole] - [STe[ele)
oo1 [ (5] (2T (c[o[ofo[o] [o[o[o[o
suuuun o[o]o]0
fEp e nua- [o]o[ao[a] [ao[a[a)
£:Anal og oo7 [ (O] | [6[6[o]o[d] [o[d[o]0]
2T || oo I OO | 000
% Fax 09 [ (0[0)] | o[o]o]0
P :Virtual ©10 - ' [o]o[o]0]
o 11 [N (00 | [o]o[a]0]
| o112 [N (05| [S[oe[o]
iathliadi —”' | [o[o[oT]
HTFE — T ¢4 D [o[o[o[o[o] [oo[olg)
o15 [ [o]o[oo]] [o[o[o[g]

o1 [ [o[oofo[0] [o[ofola] -

H il B B dm s

06-03-2005 15:28 [0[0[o[o]o]1] [o]o[o[o]o
vl

{58 FH Y =8 35 4
12:34:22

- Communigation

Houte Status UPLO DNLO' Timeout
® naziz [0)0) [o[o]a]a[o] [o]o]o[o[o] [o]o]o[o]
& »rie [0]0] [P oo elolo) (S[olelelo) [alofolo)
® IEUp wait..  |DDDOCiDOOERlCODGE
& TCRIP ﬁlﬂil?lﬂ Wlﬁlﬁl\ﬁlﬂ

Line

S R, Msgl' Msg 2 Msg3  Msgd' Mizg5 )
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Media Server — Call Function
1. Inbound : Analog, T1, E1,ISDN, SS7, SIP , WebRTC

2. Outbound : Analog, T1, E1,ISDN, SS7, SIP , WebRTC

3. Bridge with different channel interface : T1,E1,ISDN, SS7, SIP , WebRTC
i [ajaudio bridge(E5HE) , #Emjaudio bridge (XEK)
B [a]video bridge(B5%) , #qvideo bridge (2.&)

4. Conference with different line interface : T1, E1 , ISDN , SS7 , SIP , WebRTC

i [alaudio conference(EE ) , #E[mjaudio conference (3ZEX), Speaker detection
Ei[o]video bridge conference (E#E=) , ¥ |avideo conference (4 5&)

5. Network Announcement Detection : T DI A B(S S IEESEE

6. Tape in Record: {H]#%
B [mjaudio record , ##[5jaudio record => E{FERS T Wave EERZE (R T) or BEZE
B [a]video record , #£ajvideo record => E{F& T Webm(VP8/VP9) or MP4(H264)



Media Server - IVR Function

 SCPRAR R AR AR EELE I AE

. 7 #% Audio IVR & Video IVR IfjgE

. P (ASR) B g (D TMF) 2 T [E] RpHask | FE At I & B =082 05E .
. & fdEh(Barge-In)IigE

. ZZENUANCE / Delta RifEASRS |25, BLif -~ S OR G FEIPPHEEREE T (F5 551H)
CHEEL&H KIFLY WifETTSE (25, [EIiF 7 8 /il E = . (75 59HH)

. NEODBCE R EAFHUELH , i B FHUE RHE N 2.

- NEEEx & =1 - o] E RS 5 H A S R 5.

. N EEEE T7 A BE-bridgeThAE

. NGRS DR

. N 5 & 5k-conferenceIHgE , 526 0] 64 A [F]F & 5K.

. NS MR PR NAD(Network Announcement Detection)IfjgE

. NIETCP/IP , HTTP#(S154H , n] Rl & Ty,

. J2fCDR (Call Detail Record)4C &£.
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P2P Browser to Browser call control

P2P call control : Signaling {4:7& %% Web Server , Media HI /& HBEETEE A, B3
7 AR B G B (SRTP) 24 & A5 3 E 25 2 B firewall [HFE , RILVVEE
Turn Server fEM AT HALAE.

eb Server

Web

Application
Server

JESP/SDP

DTLS-SRTP

Peer Connection (audio, video, and/or data)

‘
'y
L 4

Browser Browser
Running HTMLS Running HTML
With WebRTC With WebRTC
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Browser to Server(Server to Browser) call control
for media play & record .

Browser to Server 53, , £+5 WebRTC Server A& 5375378 Browser F ., B EELE
EE SR webrtc-handshake 217 media channel |, #E— B S 2 xc i | iSfEfER
A DLsE Serverlim@hRefE N SR 7 B e, R A] DAskBURE 25 P AR E 5o

webrtc handshake

DTLS-S5RTP

' 1 WebRTC H|<
MediaStream

[3£1] : {HI5%video call FEEAEHEZC B webm(VP8/VPY) / mp4(H264) ,
o] H R RchromeRE . LL640x480fEMTE | — it s/ (A i size

[312] : filgFaudio call FE4= &= Ry iEwave ({3 & & H TR S|
B Ry Ie A Wl ), — o 3 Er size K4 480 KB.




Browser to SIP/PSTN(SIP/PSTN to Browser) call control

Browser to SIP/PSTN = |, SRS, 55 —Ef Browser to Server + 5 _E¥
Server to SIP/PSTN , ¥fServer 1= Elﬁz_ call leg , — = Hwebrtc , 55—1EHH
SIP / PSTN(ISUP,ISDN) , 7&##& Server brldge W=y signaling Kz media . Media Z[47
( voice & video) 41’5 codec ~HEIE , WAZEH Server z’iﬁ transcodlng
BB media &&= Server , AT Servern] DU T8 (A (ISR THAE

WebRTC Server PSTN
Web Browser
SIP/ISUP/ISDN ... |« | ISUP/ISDN..
JavaScript
Signal
WebSocket Media Coder
G711, AMB-WB, OPUS < SIp
_ H.264 , VP8
Media IMS / LTE / SIP
WebRTC Recoder & Mixer




Streaming Broadcasting 43 _ B #%

WebRTC Server 72 RTSP / RTMP / HLS ©]#H## Streaming Server (or IP Cam)
fir client &% Browser , WebRTCApp , SIP phone ... 7]Z% A\ 32 [E]—HE U5 .

3 N

Camara

Streaming Server
Chrome / Firefox / SIP phone
- Encoder q WebRTCAPP / WebRTCWeb
> - | ( HLS/RTMP/RTSP)

Source 5% |
(HDMI) \ \ - -

\ \
\ \ .7
(RTMP) N A I

Rl - —--">@]

— = = =2  \WebRTC Server
P4
/
| (WEBRTC)

Web Cam



Video/Audio Inbound/Outbound Conferencing

1. &n#& v DL Browser, SIP , PSTN,

APP Z A5 device 2HEY .

i E e A NEURy 30 .

audio call =k, video call o] DA[EHFFER

[El—rE=.

4. BRI ADIELA inbound / outbound
Bl T ,outbound TV A A EEE (S
FEPEE R R, i R e E TR (25
‘NHE NAD)

5. RrEhHlERIIRE

W N




NAD(Network Announcement Detection) for outbound call

Outbound HJEEFEREHIRRE :
B, EETEEY E SRR E | M BB EE R EE S (S5 |, W RHFETE ... iEf(connect) REHE AXXEFE. ...

#12. The number you dialed is no response , your call is transferred to ........ #f(connect) .........
713, EHEHYFRAE 2 229% , SE IR ... EE60F) .......... release .

& bt Announcement FEHIIRFZ | N0 AE fEsignalingllE s A S , THEEIMUE A GESERN , &
IEa I S A E RS R E N , BN ARE T S A TREGELE T RIS MEE A .
596, #EE{EHIAnnouncement , B DIFERTSRIZE A S F , RIE4E R RS FRHRF G

W= Sy —rapan e (m
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ﬂgfiﬁﬁ?{ﬁﬁﬁ \ (R pAETE . Ring tone ...

Ring e S ES ... (NAD{EHIES)
Connect Tone (1)

SR N
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0010666568 Do Bi Record.Tone (Bi)
Recording .....

hms 0:40.0 5.0

ImphkEn RS e ER IR
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HEEHE ...
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Recording .....
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Screen Sharing over WebRTC

Screen sharing over WebRTC JFH F/F media sourcei’camera” ¢ f“screen” , fHE HE, , 25
hie Firefox & Chrome &AL —T0RE , (HENZ2MF & , default ZREEALLTEIIAE -

Hr1 Firefox 55— FVATENMELNURI B as IR RE € RLED , 5740 T ¢

1.¥7Bd Firefox : g A about:config

2.5 7. media.getusermedia.screensharing.allowed _domains , fiI A “rtc.tw” ,Z=ZoR H $1¥%f

https://rtc.tw S{E4EV5FH T screen shareTjaE.

HrhkChrome HIEUHIRES ER T , EXERHExtensionty 5=
AR F& &gk D /E B E—(E B B iyscreen share extensionfi4f, [ {#HZ Google web store , i 4%
Googlef@maa B4l R Aduh e kM BEE T BEAE |, (HEFE R0 E
TE , 0] DU A B H Pl dlE e e B O 488 ? K[EE& E# inline install (41 MAE]) . 22851
R A AE 7 B8 EAE oy B s 1l ( Chrome e 5L4hg n] DU R E AR =R & -1 M AlE )

ZEF1E "RTC Screen Share ; 1§ ? —
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Microsoft PowerPoint - [...

WebRTC : Conference - Go...




Android Screen Sharing

Android 1 HyChromefi T/l A Screen sharing IhEE , R Al HIEIEES , default & REEAIE
ige . FHEChromeZZBEFLIETNRE , J3/520 D
1. ¥TF# Android#yChrome : B4 A chrome://flags#enable-usermedia-screen-capturing ,
H3H"screen share"#5EIH=>%"enable".
2. HiE T4 -
EEEchromei#ifs https://rtc.tw =>F% R4 EHY “Screen Share’ st (N &l /7) =>F& £llocal viewsz 5k
screen => i A g E ((£#1~15) , HAM N EAZ FE=E  EE% Fikscreens | ( NEH/A), ERF
1% o] DA E R DU B AHACER.

EhilhChsng ~ — O x o [ p N %0 08% [ 6:10 N T 98% [ 6:12
M WebRTC:( @ x
€  C|a==2|ntpsirtctw w K| 4 ip e _ " Q
I BRES G Google € M+ENH » i1 » ¥ » E%
= Linkedin  fEEHET mf vg_,!'B_y e
B Antisip) ) Wi FII .
. - ; EELF | Beer_Home
Mute Microphone Mute Camera
[ Screen Share |
Create my private room | * E%
[Joinapublicroom: |[ 1 [[ 2 [[ 3 |[ &4 |
s || 6 [l 7 J[ 8 [[ o [[ 10 | 4=
i [ ] 33 [ 14 ][ 15 ] f TEEE @
play record-input play record-output | B Wi-Fi SRR B B LR =
ff =ExEER
5] HTC Connect
— EEARENEENEER
E%
- SRR S acH 110D MEEE S EhEER L e




Audio Transcoding

Support audio transcoding between :
G711(PSTN) , iLBC(SIP phone) , AMR-NB(3G) ,AMR-WB(4G) |,

AAC(MP3), vorbis(Webm) ,0PUS(WebRTC) ,G729.

Al.l anda stereo
ilbendst Opus PSTN . G.711
fullband _ MP3 Sip-Phone : Speex
AAC Vorbis ILBC
e 3G-Video : AMR-NB

4G-VoLTE : AMR-WB
WebRTC : Opus

super-wideband

_4_? wideband
© /
=
o 5. 142
]
G711
i I I i E
8 16 32 64 128
bitrate (kb/s) @ royalty-free, open-source
@ free license, not open-source

@ licensing fees, not open-source



Mandatory Video Codec of WebRTC : VP8 & H264

Fi% F LS FH FH F/2E | F/EE | T LS

App App Chrome | Chrome | ios Firefox Opera Android | Winl10

android | ios Safari 11 Edge Edge
VP8 vV Y vV vV Y Y Y Y

H264 \Y; \Y; \Y; \Y; \Y; \Y; \Y; Y, \Y;
VP9 \Y; \Y; \Y; \Y; \Y;
H265

H.264 S A 50> AT R A& B s o Ao Al Tunes Store DL fiTH DVD#EiES
i1 2 SRR L [E A H264 508, EHVEEIEEMPA

VP8 [ Google FTHiE5/(% codec , # &8 HTMLS A8 2 » LUREIFHE A
BN A R R TR FRER E AR AL SRS AR T 58 > Ak
H.264§EFERR THILL - EHTEASHE Webm . VP8 F—{t 2 VPO(BMERERIZF
40%),Chrome K Firefox# LA ZEVP8/VPY . Youtube 264 RifLEA 42 ) _H 25852
F 1eH264; K145 VP8 K VP9.




Billions

Why Use WebRTC?

More than 4 billion
WebRTC-capable
devices today

Led by smartphones, WebRTC-capable
devices will increase from nearly 3 billion
devices today to about 6.5 billion devices

2012 2013 2014 2015 2016 2017 2018 2019 in 2019.
[lrc: [ eblets [l smartphones [ Other (TV+loT/M2M)

How WebRTC is used today

Video Contact center Voice calling Collaboration

o

Networking Healthcare Education

conferencing



Demo-1 P2P

Pl &R

(BB Es AT I A4k
https://rtc.tw:80807?roomkey=201
81234

H. 1 roomkey 28 E# T
(1000000~99999999) > {tF=P2P
e 2 oty 0 [ AH[EIroomkey
W A] AR R AZ 556

# R E
chrome, firefox , opera , edge
safari (11.0.201 )




Demo-2 Conference-1

(5 BB as i T4k https://rtc.tw

AR EE— g = 1~15, B A 2% 7k (EEdemodd H : 1
([ e =25 N). BEFE &k 0] 4" Leave room” BiGri 1% 1] L% "play
record-input™ & & HIgk s 152

# i & =5 chrome, firefox , opera , edge .

— = ‘ & == | hitps//rciw
i EEES G Google (® video BB {8 WebrtcProject [1 RTC [§ RTCP2P VPO SVC M WinDbg webrtcHack & Chrome-webstore Optimizi

WebRTC Conference == P2P-IVR

E

| Mute Microphone || Mute Camera || ScreenShare|

Leave room

|2
play record-input

L1 L2l 3[4 [s [e [ 7 J[8] 9l 1 J[1n [ 12 13| 14 |[ 15|

play record-output




Demo-3 Conference-2

(e S SR /T4 HE: https://rtc.tw/cf2.html
TLRM#E A SO NV B = Il A B HErid B~ R & (T E), default
R/ NUERRERR 5 (pause video, Byt o2 [B G K B Re i &, 1S i H &

3E), 0] DI/ MR & => KV ERE RS, B — == 2]/ NAYE ﬁbﬁ
&, 1] 5 ISR SR MR oK, H T R [ ) Re

#‘@ﬁ, [ &s: chrome, firefox , opera , edge .

Cilh@hezng  — O W
W L W O W O WV W W W @ J X
Y . 1! k! L Y Y J
= C | & == | https//rtctw/cf2html m ¥ | 4 B :
i EREX G Google @ M+EER BR Webrtc Project [ RTC »

WebETC Conference == P2P-IVR

EI

| Mute Mic || Mute Camera |[1][ Leave room |




Demo-4 WebRTC x SIP x PSTN

1. (HE RIS s30T N mEmaght: https://rtc.tw/ivr.html
figr A userid{s#E F7000~8000 7 41 815 => $%’Login” 5 A..
2. {H FHSIP,z5 553 it rte.tw, userid{sE F§9500~9700, ZHEATR.
3. (EW T & A%, HIn] A #5258 3 a5im A% J7useridjiy Peeridffi iz, 7% ~"Video
Call” or “Audio Call’ ,~zz5 75"Answer’ /2B a] /= .

# PSTN demo : H]DLFHwebrtc B ## = — R T el L 5.
7 FH 28 25 chrome, firefox , opera , edge , safari (11.0.21_F)

& C | & =2 | hitps://rtc.tw/p2p_ivr.himl
il EEEE G Google @ M:EEZE {8 WebrtcProject [1 RTC [1 RTCP2P VP svC 81 WinDbg webrtcHack

sender.setPara WebRTC P2P & IVE. == Conference
B

| Mute Microphone || Mute Camera || Disable Push |

dialogid™ 15222393?9 2f"15622189880,"width™:640, "height":480,"video_bitrate™512 "REMB" b(]ﬂ framel
"ref" 1522189880 width™:480,"height":640,"video_bitrate™ 367 "REMB":0, "framer: Powered b
Caun_'r-iélﬁm-l

{"action":"peer resolution
UserlID : 8001

PeerID : 9001




Demo-5 : Video-IVR

{55 7218 a3y 7484k https://rtc.tw/ivr.html

1. [FH2E 25 5:login: userid{s#E FH7000~8000_” [E]4ir 81

2. B A1%&, 1 1 "Video Call’T7EHEREC A , (< N EiEEEERlE:
“17 A H SR > T R A R = > R I R => e 5
Al 115> 7
SRS 17

3. &5 f%"Hang Up” BB 1% 7] LAf% play record-input i & {5k
2% play record-output &5 Frsd i v {HI:

#id 28 28 chrome, firefox , opera , edge , safari (11.0.221 )

=8

| play record-input || play record-output |

= fas] i [
H: 1] ] o




D e m O - 6 * E l] H%[[_‘: %j‘é‘:é ;g %‘ §§j¥ Efzﬂ% https://cloud.google.com/speech-to-text/pricing

1@}%&{[%5%@ A4k https://rtc.tw/asr.html # s 2%555: chrome, firefox , opera , edge , safari (11.0.2)
f.‘-?au/\UserlDHOOO 8000 fE{E4Ar 8 5), FH## T "Login"=>5E i as A

2. BE A B Af%,3% T Video Call” or “Audio Call”, Bl r]Ba#4sREHE.

3. HE NHEEHI BT B ALK, 0 5 A JuseridiPeerlDigfiz, 1% T "Video Call” or “Audio Call”,57
iVl 5"“&%*1%’-“ =>17"Answer’{z , B[ 1] G 4a ¥ EE.

4. sREEEET R RS E iy L —1T Ei i Speech detecting.....EH4] 1 Speech

detected.Recognizing....;2 Esiah & 2 1 im s R, AIe TR R e A, A A E A P eRahiz,

ﬂ%uﬁ%%%ﬁ%% JEkAS R g BN HHIRAE: MySpeech: IRIFAEAVEREEA &S &PeerSpeech: ¥ 7 HIAEAYER

RN

Bl e3EH N A—ERE SRR, meAFERRAVEREEN R, peerftFREH 7.

HET RS % N HangUp ##, H@ﬁ{éﬁuﬁf”play record-mix"f& i {HIs%52 =, 5% show speech-text’ s~

RS R e e -

- C | & == | https:/rtc.tw/asr.htm LI - |
i EmEEX G Google € M+EEE & WebrcProject [ RTC [0 ASR [1 RTCP2P & CloudSpeech [ 28xTF+~-=F7=: B wi

2

Local hangup call |

UserlID : |5001 PeerID - |7733

MySpeech : | EEEEFE IS LR S HE 55 10 ERE2831-0295
PeerSpeech © Gdb & Bim Tt ik PR R RE —ER 20158

Resolution :

Login || VideoCall || AudioCall

Answer || Hang Up | L) Auto Answer

play record-mix || play record-cutput
me: R EEE MG AL T L AR R 55 10 EEE2831-0299
peer: &b i Bl iG b AFEIR B TR 20158 [ https/rictw/gerecord/SpeechText/20180528/1527672180.. — O *
e & =% | https./ric.tw/gcrecord/SpeechText/20180528/15276721804706..
i
- oo B9:24:48 [Seel]:REEEFWIFSIHIHE BHE R ssIT10RE 28310299

|| e9:25:21 [7733]:5dbE BB B SN TR 20158

89:25:37 [5001] HER




Demo-7 : Desktop Chrome/Firefox Screen Sharing
1. BRIEEE -

1.1 20 Firefox 55— EVEFIMECH E2RR S E R , $T67 Firefox : #im A
about:config => #E#Z#{17: media.getusermedia.screensharing.allowed _domains , I A “rtc.tw” ,
o HEHE https://rte.tw =S {E490LEET L screen shareZf&E.

1.2 =R Chrome £ FExtensioniy /5= :

BE—20E Ahttps://ric.tw 3% FA4EE Y “Screen Share”$ii( FE ) , SR HERTC Screen
Share;;i;ﬁj:(?qﬂ) , [BI 285 1% HI o] & SO P 7 B s 1.
2. Mz HE

HBE https://rtc.tw =>i% T4 E 1 “Screen Share’sH( T El/F) => BEIERE S = screenEH (T

& 47), => #EAFHE ((FEE1~15) , i AN EAZ TR = , BN EF ]/ FE8yscreen, i n] § AHATEL.

[ WebRTC:© @ X

= C|a==

5 EEEs & Google @ moEEE

Eliilh Eheng)

]

https://rtc.tw m | 4

>

EE 1 TRTC Screen Share | [ ?

Triririr '[Gfl

=

NEEEEE

11l

TRTC Screen Share ) EXE rctw S ESEAE  EEERELENAE -

THEESE @ ERELRE

1

Microsoft PowerPoint - [...

WebRTC : Conference - Go...




Demo-8 : Android Chrome Screen Sharing

Android T [-JChrome Screen sharing 5t , default 2 REEALIETIEE . 1 ChromeZE B @ H:
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1. ¥7F AndroidiyChrome : @ A chrome://flags#enable-usermedia-screen-capturing ,
H3H"screen share"#EIH=>%"enable".
2. M52
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Demo-9 : Video Snapshot & Vision Text Detection (e[l B 52 {5 S S HEEE)
FEWebRTCHHENEE F, o] UERF L E (2 OB G B ), AR e &f S0, & LR E ShfEas, M

%%@ T{ {ﬁz/g Fé EE https /[cloud.google.com/vision/pricing
HIER L 70 FH 2% 25: chrome, firefox , opera , edge , safari (11.0.2)

ﬁﬁﬁ BEE T4 HE: https://rtc.tw/asr.html
fig AUserlD(1000~8000 7 fEi{E4 A 81 ), Fi4% [ "Login"=>5¢ (i3 A (2K AR H BB A).

2. A B AL%, 7% Video Call” B A] fata U R iR 0H=>8k B =>4 S5 B 8 HEE.

3. EE AR (B B AL, 0 A% HuseridXPeerlDiffiz, 7% 1 "Video Call’=>3z58 7758 H 2K BB 1R
=>f5" Answer”1%, B[ o] G 46 G AHEL &, Brak o 7. (B AR =0 m] DAY T Riffe 8208, B HUGE JT 2 15%)

4. HETESE I N HangUp i, EilEr iz o] LIz show snap-text” s R S Hakas 5.
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