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NMpuHUnnb! peyeBoro kognposaHusa GSM

A
A A A
A
> f > f
0.3 KL @ 3.4 KL 0,3 kI @ 3,4 KTy
Kaxgbln rnacHblA 3BYK MpeacTaBndeTrcsd B Kaxgbln cornacHbIn 3BYK NpencTaB-naeTcd B
Bnae Habopa rapMOHNYECKNX CUTHA-NOB BMAe LyMonoaobHoro cur-Hana

AMR - Adaptive Multirate - apanTMBHbLIN MHOFOCKOPOCTHOMN KOAEK
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Ucnonb3oBaHUue peyeBbIX nays3

nepeatavuk NMPUEMHUK
notok RTP-nakeTtoB
[ PeuyeBoi curHan |
5 &
n
a
LyM l y notok RTP-naketoB
3
a
notok RTP-nakeToB
[ PeyeBoy curHan | E> E>

VAD - Voice Activity
Detector
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CtaHpapThbl Nepeaayvu pevyeBoro curHana.

Crangapr | O 097 | gagpuaa | Heromemame
G.711 64 125 MmKc -
G.726 32 125 mKc -

AMR 12,2 20 mc +
G.729 8 15 mcC +




[MakeTnsauus PeYUn B PA3JNTUYHDbIX KOAEKaX

20 8 12
U R
P P
160
u R
IP D T Payload
P P
80
U R
IP D T Payload
P P
40 20
Komek Maket Pavioad BaiiT Mepepava peyeBoro Mepepava IP -
A C 3aronoBkom Oawnt y curHana outr  /c NnakeToB outr  /c
G.711 200 160 64 80
G.726 120 80 32 48
G.729 60 20 8 24




CTtpykTtypa npotokosnoB VolP

Intermediate agentl] Blntermediate agentgl
— —
— | s |

=] H323/SIP =

H323/SIP H323/SIP

Coded voice/RTP/UDP/IPP

-

‘7

Coded voice/RTP/UDP/IP




NMpoTokonbl B3anmMoaencTBuA

H.323 or SIP
(call signalling)

| VoIP
..‘:_::‘:j‘}f Cllem

-
--'
--
pn -

(media stream)




CTpyKTypa cTeKka NPOTOKOJIOB NepeAayun peyu

Coded voice

Coded video




Cnucok NpoTOKOSIOB Nepeaayu peyun n Buaeo

RTP — Real — time Transport Protocol (RFC 1889)
RTCP - Real — time Transport Control Protocol
UDP - User Datagram Protocol

IP — Internet Protocol
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NMpotokonbl RTP u RTCP.

Ceccua RTP —l

.

® 2 . =
y
T

Ceccusa RTCP

PeueBoe

KOiVIiOBaHI/Ie

UDP

IP

YpOBEHbL CETEBOIO
MHTepdenca
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Homepa noptoB RTP u RTCP.

[\ RTP [\
» port =2n

/ \ RCTP / \ » port =2n +1
port=2m = l ) RTP l )
port=2m +1 = \\// RCTP \\//

IP-address = X IP-address =Y
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KoHdwmrypaumm RTP-ceccun.

()" ()

CoegnHeHne TovKa-ToudKa

LUVIpOKOBeLLI,aTeJ'I bHaA CeCCu4d

(=

KoHepeHuuns
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TpaHcnaTopbl n cmecutenu (1)

TpaHcnsaTop G.729 TpaHcnsaTop
- >
B
Koaek 1
Kopek 2

Kopek 3
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nony4yartersib

ir

SN =1
TS1
SSRC

Payload

SN=2
TS2
SSRC

Payload

SN=3
TS3
SSRC

Payload

CnyxebHasa nucopmaumna RTP-nakeToB.

nony4yartersib

1r

SN
TS
SSRC
CSRC1

CSRCn

Payload

OTtnpasuTenb1

OTtnpaBuTerns n
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dopmart 3aronoBka RTP - nakeTa.

HOMep nakeTa

Bepcus Yncno MpunsHak
npoTtokona NCTOYHMKOB Mapkepa

[ NocnepoBaTenbHbIN

0 234 8 16 31
2= Pl X CC IV* PT Sequence Number
TimeStamp —
— SSRC - Synchronization Source Idenifier

CSRC - Contributing Source Idenifier
— 0-15

CSRC - Contributing Source Idenifier

e N
VoeHTndukaTopsl
NCTOYHNKOB Ceccuu
- J
g N MeTka
NaeHTudpmkatopsl BpeMeHu
NCTOYHMKA

\_ CUHXPOHU3aUnn )




Ha3HayeHue noneun 3aronoBka naketa RTP(1)

V: two bits are reserved for the RTP version. At this moment
version 2 is used (1 was a |IETF draft version).

P: If the padding bit is set (1), the packet contains one or
more octets at the end which are not part of the payload (filler
bits added for alignment purposes). The last octet of the
payload indicates more precisely how many padding octets
have been appended to the original payload (this is necessary
since there is no length field available to specity the actual
payload size)

X: An extension bit indicates the presence of extensions after
the eventual CSRCs of the fixed header.

The purpose of the header extension is to allow implementors
to experiment with features that are not part of the standard
implementation.

CC: The CSRC count (4 bits) contains the number of CSRC
identifiers that follow the fixed header.

M: The marker bit is inftended to allow significant events such
as frame boundaries to be marked in the packet stream.

The use of the marker bit is implementation specific. A typical
implementation is to mark the beginning of a speech burst if
silence suppression is used. G.723.1 is an example of a
codec that uses this technique.

PT: The Payload Type field (7bits) identifies the format of the
RTP payload.
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KogupoBaHue nonga tmn Harpy3ku (payload type)

0 G.711 mu—law PCM audio 18 G.729 audio
] 1016 audio | 19-22 unassigned audio
2 G721 23 uvnassigned audio
3| GSM 6.10 audio 24 unassigned audio
4 G.723.1 audio 25 CelB video
E| DV14 audio (8kHz) 26 JPEG video
6 DV14 audio (16kHz) 27 unassigned audio
7 LPC audio 28 nv video
8| G711 A-law PCM audio | 29-30 uvnassigned audio
q G.722 audio (16kHz) 31 H.261 video
10 L16 audio (stereo) 32 MPV video
11 L16 audio (mono) 33 MP2T video
12| G.723 34 H.263 video
13| CN (comfort noise level) | 35-71 uvnassigned
14 MPA audio | 72-76 reserved
15| G.728 audio 77 RED audio
_Lj DV14 audio (11.025 kHz) | 78-95 unassigned
17 DV14 gudio (22,050 kHz) |96-127 dynamic




Ha3HayeHue noneun 3aronoBka naketa RTP(2)

The Sequence number (16 bits) increments by one for each
RTP data packet sent. It may be used by the receiver to detect
packet loss and to restore packet sequence. The initial value
of the sequence number is random.

The sampling clock inserts a Timestamp (32 bits), not the
system clock. Therefore the timestamp in the RTP packet gives
a relative timing not an absolute (network) timing.

For video, the RTP timestamp is the tick count of the display
time of the first frame encoded in the packet payload. For
audio, the RTP timestamp is the tick count when the first audio
sample contained in the payload was sampled. The clock is
initialized with a random value.

The SSRC field identifier (32 bits) is already discussed in
previous paragraphs. The identifier number is chosen at
random.

CSRC (O to 15 times 32 bits): A maximum of 15 contributing
sources can be identified. More CSRCs can be used, but they
can not be listed in the packet.

Remark: if no mixer is used, the CC will be zero and no extra

CSRC fields will be inserted.
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NMpumep RTP — nakeTa (TpaccupoBka)

Frame 87 (214 bytes on wire, 214 bytes captured)
Ethernet Il, Src: 00:a0:¢5:5d:94:2c, Dst: 00:03:2f:09:ae:2f
Internet Protocol, Src Addr: 217.10.67.6 (217.10.67.6),
Dst Addr: 192.168.1.42 (192.168.1.42)
User Datagram Protocol, Src Port: 17130 (17130), Dst Port: irdmi (8000))
Real-Time Transport Protocol

10....... = Version: RFC 1889 Version (2)

..0. .... = Padding: False

...0 .... = Extension: False

.... 0000 = Contributing source identifiers count: 0
0... ... = Marker: False

.000 1000 = Payload type: ITU-T G.711 PCMA (8)
Sequence number: 1445

Timestamp: 320

Synchronization Source identifier: 1280623826

Payload: AAAAAAAAAAAAAAAAAAAAAAAAAAAAAAAA. ..



Tpacca nepepayiu RTP naketoB(Ethereal)

No. Time Source Destination Protocol Info

61 1.11128 192.168.0.183 192.168.0.187 RTP Payload Type=ITU-T
G.711PCMA

SSRC=33071136, Seq=22054, Time=0, Mark

62 1.111372 192.168.0.183 192.168.0.187 RTP Payload Type=ITU-T
G.711PCMA

SSRC=33071136, Seq=22055, Time=160, Mark

63 1.12588 192.168.0.187 192.168.0.183 RTP Payload Type=ITU-T
G.711PCMA

SSRC=435983184, Seq=7840, Time=0, Mark

64 1.126117 192.168.0.187 192.168.0.183 RTP Payload Type=ITU-T
G.711PCMA

SSRC=435983184, Seq=7841, Time=160, Mark

65 1.160160 192.168.0.183 192.168.0.187 RTP Payload Type=ITU-T
G.711PCMA

SSRC=33071136, Seq=22056, Time=320, Mark



Pa3mepbl 3aronoBkoB cteka RTP/UDP/IP/Ethernet

Overheads are as follows (assume RTP/UDP/IP/Ethernet):
Ethernet: 18 bytes

P : 20 bytes
UDP : 8 bytes
RTP  : 12 bytes

Having an overhead of 58 bytes and a payload 72 bytes, the
overhead takes 45% of the packet.



YMeHbLIeHUue N3bbITOYHOCTU 3a CYET arperpmpoBaHus
RTP ceccum

RIP session 2
GW 1 RIP cessiaon 3
RTP session 4

RTP session 5

GW 2

Aggregated RTP session

GW 1 GW 2




CTpyKTypa 3arofioBka arpermpoBaHHOro nakera

Aggregated RTP Header

User 1 Header User 2 Header

User 3 Header User 4 Header

User 5 Header User 6 Header

User 1 Media Frame

User 2 Media Frame

User 3 Media Frame

User 6 Media Frame




dyHKuumn npotokona RTCP

OGecneunBaeT KOHTpONb nepeanaym RTP — nakeTos.,
nocpeacTBOM opraHM3aumm obpaTHOMU CBA3N MexXAay
nepepaTyukomMm U NPUEeMHUKOM

I'Iepep,aeT cBeoeHuns o Ymcne nepengaHHbIX U NOTEPAHHbLIX
NakeToB, SHAYeHUUN OXNTTEepPa, 3aAepPXxXKe u ap.

OGecneuunBaeT nepegavyy yrouHeHHon MHdopmauum ob
UCTOYHUKEe (MMA, AomeH, E-mail, TenecdoHHbLIN HOMep,
MecTopacrnosroXxXeHue U T.4)

Ucnonb3yeT 5 TunoB naketoB (SR, RR, SDES, BYE,APP)

NMakeTbl RTCP nepepatotcsa 3HaunTenbHo pexe RTP naketoB
(MakcumanbHasa YacToTa OAUH nakeT B 5 cek)
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Tunbl naketoB RTCP.

4 )
SR — Sended Report
4 )
RR — Receiver Report
4 )
SDES — Source Description
[ BYE — okoH4aHue yyacTtud 1

[ APP — cneunduyeckne gaHHble NPUNOXeHus 1
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Report Block.

0 31

SSRC - Synchronization Source Idenifier

Fraction lost Packet Lost

Highest Sequence Number Received

Interarrival Jitter

LRS
DLSR

Fraction Lost (8 61T) gons noTepsiHHbIX NAakeToOB AaHHOIO NCTOMHMKA OTHOCUTENBbHO 06LLEero
4yumcra nakeToB

Packet Lost (24 6uT) — o0OLLee 4ncno noTepsiHHbIX MakeToB AaHHOMO MCTOYHMKA
Highest Sequence Number makcmanbHbIM HOMeEP nakeTa, NOY4YEHHOro OT 4aHHOIo MCTOYHUKA
Interarrival Jitter — cpegHee abcontoTHOE 3HaYeHne U3MEHEHUS] BpEMEHWN pacnpoCTpPaHEeHNS.

LSR - ctapwas 4yactb nocnegHero 3HadyeHns NTP TimeStamp, nony4eHHOro ot 4aHHOro
NCTOYHUKA

DLSR - 3agepka BpeMeHu OT NOSy4YeHUs NocreaHero cCoodLeHns OT AaHHOro NCTOYHUKA 00
dopmmMpoBaHUs gaHHOro Grioka
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dopmaTt naketa Sender Report.

Header V |P RC PT=SR=200 Length (16 bits)
SSRC of sender
NTP timestamp, most significant

NTP timestamp, least significant

Sender
info RTP tmestamp
Sender’s packet count
Sender’s octet count
SSRC of 1st source
Fraction lost Cumulative number of packets lost
Report Highest sequence number received
Block-1 Inter-arrival jitter

[Last SR (LLSR)
Delay since Last SR (DLSR)
SSRC of 2nd source




Ha3HayeHune nonen naketra SR(1)

the 5-bit reception reports count (RC) , which is the
number of report blocks included in this SR;

the packet type (PT) is 200 for an SR;
the 16-bit length of this SR including header and padding;

the SSRC of the originator of this SR. This SSRC will also be
in the RTP packets originated from this host.




Ha3HayeHue noneun naketa SR(2)

the NTP timestamp of the sending time (wallclock time) of
this report.

The NTP timestamp in a sender report may be used in
combination with timestamps returned in reception reports
from receivers to measure round —trip propagation to those
receivers. To know this absolute ‘delay’, the clocks of the end
users must be synchronized.

the RTP timestamp, which represents the same time as
above, but with the same units and random offset as in the

timestamps of the RTP packets (relative timing);

sender’s packet count (32 bits) from the beginning of this
session up to this SR;

sender’s payload octet count (32 bits) since the beginning
of the session.



Ha3sHauyeHue noneun naketa SR(3)

SSRC_n (32 bits), which is the SSRC of the source about
which we are reporting;

fraction of packets that were lost (8 bits);

cumulative number of packets lost (24 bits) since the
beginning of reception;

extended highest sequence number received (32 bits) in
an RTP data packet from this source;

interarrival jitter (32 bits), which is an estimation of the
variance of the interarrival time between RTP packets,
measured in the same units as the RTP time stamp;

the last SR timestamp (LSR) — 32 bits— is represented by the
middle 32 bits of the NTP timestamp of the last received SR;

the delay since the last SR arrived (DLSR) —32 bits—
together with the last SR timestamp, the sender of this last SR
can use it to compute the round trip time.



dopmat naketa Receiver Report.

Header [V |[P| RC PT=RR=201 Length (16 bits)
SSRC of sender

SSRC of 1st source
Report Fraction lost Cumulative number of packets lost

Block-1 Highest sequence number received
[nter-arrival jitter
Last SR (LLSR)
Delay since Last SR (DLSR)
SSRC of 2nd source




Header

Chunk-1

Chunk-2

dPopmaTt naketa Source Description.

P SC

PT=SDES=202 Length (16 bits)
SSRC / CSRC_1

Source Description [tems

SORC /CSRC 2

Source Description [tems

CNAME=]

Length (8-bit) User & domain name




dPopMbl onncaHus NCTovyHuka (ltems)

CNAME=1 " length I user and domain nome ...
NAME=2 " length I common name of source ...
EMAIL=3 " length I email address of source ...
PHONE=4 " length I phone number of source ...
LOC=5 " length I geographic location of site ...
TOOL=6 " length I nome/version of source oppl . ...
NOTE=7 " length I nofe about the source ...
PRIV=8 length prefix string ...
volue string ...




dopmaTt naketa BYE

3C

PT=BYE=203
SORC/CORC

length

length

reason for leaving




dopmaTt naketa APP

V H PFT=APF=204

SRC/CSRC

name (ASCII

opplication dependent dafo




PacwupeHue npotokona RTCP XR (RFC 3611)(1)

Cnucok gononHuTenbHbIX NapameTpoB KavyecTBa VolIP:

Loss Rate - gonga notepsAHHbIX NaKeToB

Discard Rate - nonsa coOpoweHHbIX NakeToOB U3-3a NepenosiIHeHUNA
oydepa

Burst density/duration - UHTEHCMBHOCTb U AJNIUTENBHOCTbL BCHMbILWKU
Tpadumka

Gap density/duration - UHTEHCMBHOCTb U NPOAOIMKUTESNIbHOCTb Nay3
(HU3KOro ypoBHSAl NOCTYMNMEHUA NaKeToB)

Round Trip Delay - 3agepxka nepeaaym naketa «tyaa n oobpatHo»

End system delay - ycpeaHeHHasa cucteMHasi 3agepxka (C y4yeTom
acCUMMeTpUM ceTH)

Signal Level - ypoBeHb curHana
Noise Level- ypoBeHb LWyma



PacwupeHue npotokona RTCP XR (RFC 3611)(2)

Residual Echo Return Loss - ocTtaTto4HbIM curHasn nocrne padoTol
9Xx0-3arpagurens

R - Factor - pna RTP-ceaHca no PekomeHgaunn G.107

MOS-LQ - Estimated Mean Opinion Score for Listening Quality —
9KCrnepTHasi oueHKa KadecTBa CryLlatoLmnm

MOS-CQ- Estimated Mean Opinion Score for Conversational Quality
- 9KCrepTHaga oLeHKa KayecTBa TpakTta

Gmin - goNyCTUMBbI NOPOr NOTEPU MAKETOB

Jitter Buffer Nominal Delay - HommHanbHaga 3agepxka B aHTU-
OKUTTEPHOM Oydoepe

Jitter Buffer Maximum - makcumanbHas 3agepka B aHTu-
KNTTEPHOM DOydoepe (3acukcupoBaHHas)

Jitter Buffer Absolute Maximum Delay — makcumanbHO gonyctumas
3aepxKka B aHTU-IKUTTEPHOM Oydoepe



CTpykTypa npotokosnoB B H.323

Audio Video Terminal control and management Data
RAS Call signaling Call Control
G.711
G.722 H.261
G.723.1 RTCP H.225.0 H.225.0 H.245 T.124
H.263
G.728 {Q.931)
G.729.A
RTP X.224 Class O T.125
UDP TCP
IP T.123

Data link layer

Physical layer




PekomeHpauusa H.323. 9nemMeHTbI ceTw.

GateKeeper

—
—

Gf

P H.323 Endpoint
H.323 Endpoint




NMpoTokon curHannsauum H.225.0(Q.931)

* Q.931-like

» Used to establish a connection (Call)
between two (or more) H.323 EPs

e 2 Modes:

— Gatekeeper Routed (GRC): via GK

— Direct Routed (DRC): directly between
endpoints




MpoTokon perncrpauuun,noaTBepXaeHnst U COCTOSAHUSA
(RAS)

* RAS signalling is used to perform
— Registration
— Admissions
— Status
— Bandwidth changes
— disengage procedures

» Between endpoints and Gatekeeper




[Mpoueaypa yctaHoBrneHusi/pasbeaUHEHUSA NO
H.225.0(Q.931)

Caller Network Callee

I Set—up I
Call 'I Set-up_|
I Alerting I‘

Establishment
I Connect I‘

I Alerting I

| Connect I

Call

Release

Release
Complete

Release
Complete




[MpoTokon ynpaBneHusa mynbTuMmeannHOU nepepayven
H.245. OcHOBHbIe hyHKLUMN.

Capability determination: during the capability set
exchange, each terminal identifies the audio, video and data
capabilities that it supports. For audio and video the capability
set exchange identifies which codecs are supported.

Master/Slave determination: H.245 signalling procedures
are symmetric in that in that both sides have the same
signalling capabilities. It is however desirable to have certain
parameters specified by one side and agreed to by the other.
This is accomplished by negaciating a master/slave
relationship. It is the responsibility of the master to set the
value for certain parameters.

Logical channel establishment: logical channels are a
programming convenience that allow management and
control of the information exchange.



Npoueaypa coeguHeHus. Pasa Nnoucka u peructpauum

» Before being able to make or receive calls:
— GK Discovery (GRQ/GCF/GRJ) by EPs

— manual
— automatic

— Registration with GK (RRQ/RCF/RRJ)

* indicate to GK which IP-address is used and which
aliases
— E.164 number (telephone number)
— H.323-ID (username@domainname)



[Mpoueaypa Bbi3oBa. ®Pa3a ycTaHOBNEeHUA coeauHEHUS

* To make calls:

— EP asks GK permission to place a certain call
(ARQ/ACF/ARJ)
» EP specifies destination alias

* GK replies with IP-address of destination

— in case of DRC: IP@ is real destination
— in case of GRC: IP@ is of GK

— Use H.225.0 Call signalling to setup call to
destination (possibly via GK)

— Use H.245 to set up speech path



H.225 RAS

H.225 Call Signalling

Call Proceédinc

ARQ

ACF
Alerting

Connect




AnropuTmM yCcTaHOBIIEHUA coeanHeHus yepe3 SX

G ki

Sign.
Admission Reuest ARQ

Access Request

Admission Confirm (ACF) Access Accept

Set Sét

Aon o| m
AdmissioniConfirm (ACF

Call Prdceeding

Call Proceeding
Aldrtin

Alertin

Corhect

Connect Accounting
Start




Teprmua=san 1 NMpusparHmk TepmuuHan 2

P 10.16.64.6 10.16.64.1 10.16.64.5

RAS (ARQ) A
RAS (ARC) i
SETUP (BC. CdPN.CIPN

SETUP (BC, CAPN.CIPN
RAS (ARQ)
RAS (ACF)
ALERTING

ALERTING

Pa3roao§< y
<]l COB/VIHEHN] ,lx] COB/NHERNA rl>

OUl (iH.245: TCS,. mMsDy . | UUIN(H 245 TCS.MSD) ]
FaCILITY (O > FACILITY 51%
2 = > b - . -
= FACILITY {(2) - FACILITY (Z2)
i OUT (H.Z235:0LC) = UUOT (H.245:0LC)
ot BY B 5 EACILITY (3
. : . ¥ Ooor . zzs—cn—?;-rc"%ﬁ"
FACILITY (4) - FACILITY (4)
UUOT (H.Za5:0OLCACTK) OOUT (H. 245 0OLCATCK) |
CONNECT | CONNECT

RTP (G.711 PCMU, T=0)
T
RTP (G. 711 PCMU., T=160)
T
RTP (G.711 PCMU, T=0)

WFAC'UTY S FACILITY §5=2_'

=

2

FACILITY (&)
FACILITY (6) -
OOl (H.245 RCC ACK) | Al et ST

%%—’)—-WFACMW L
FACILITY (8) FACIL'TY 8
oo {(9.23a5 MT—W

RELEASE COMPLETE = RELEASE COMPLETE

> .

RAS (DRQ)
RAS (DRC) RAS (ORQ) )
RAS (DRC)

i




CoaepxaHue CUrHanNbLHOro coooLeHunsn
SETUP(1)

Frame 13.
Internet Protocol, Src: 10.16.64.6 , Dst: 10.16.64.1
Transmission Control Protocol, Src Port : 1117, Dst Port : 1721 (Seq :1, Ack :1)
Q.931
Protocol discriminator : Q.931
Call reference value length : 2
Call reference flag: Message sent from originating side
Call reference value: 1000
Message type: SETUP
Bearer capability: Coding standart: ITU-T
Information transfer capability: Unrestricted digital information
Transfer mode: Packet mode
User info layer 1 protocol: H.221 and H.242
Calling party number: ‘6’
Called party number: ‘5’



CoaepxaHue CUrHanNbLHOro coooLeHunsn
SETUP(2)

User-User
Protocol discriminator: X.208 and X.209 coded user information
H.225.0 CS
H.323_Userinformation
H323-message-body: setup
H245Tunneling: true
H245Control: request: terminalCapabilitySet
capabilityTable: 3 items
Item 0
receiveAudioCapability: g711Ulaw64k
Item 1
receiveAudioCapability: g711Alaw64k
Item 2
receiveAudioCapability: gsmFullRate
H245 request: masterSlaveDetermination
statusDeterminationNumber: 22981



CoaepxaHue CUrHanbHOro cooouweHuns
ALERTING
Frame 14.

Internet Protocol, Src: 10.16.64.1 , Dst: 10.16.64.6
Transmission Control Protocol, Src Port : 1721, Dst Port : 1117 (Seq :1, Ack :256)
Q.931
Protocol discriminator : Q.931
Call reference value length : 2
Call reference flag: Message sent to originating side
Call reference value: 1000
Message type: ALERTING
User-User
Protocol discriminator: X.208 and X.209 coded user information
H.225.0 CS
H.323_Userinformation
H323-message-body: alerting
H245Tunneling: true
H245Control: request: terminalCapabilitySet
capabilityTable: 3 items
Item 0
receiveAudioCapability: g711Ulaw64k
Item 1
receiveAudioCapability: g711Alaw64k
Item 2
receiveAudioCapability: gsmFullRate
H245 request: masterSlaveDetermination
statusDeterminationNumber: 234
H245 response: masterslaveDeterminationAck
Decision: slave



CoaepxaHue CUrHanNbLHOro coooLeHunsn
FACILITY(1)

Frame 15.
Internet Protocol, Src: 10.16.64.6 , Dst: 10.16.64.1
Transmission Control Protocol, Src Port : 1117, Dst Port : 1721 (Seq :256, Ack :208)
Q.931
Protocol discriminator : Q.931
Call reference value length : 2
Call reference flag: Message sent from originating side
Call reference value: 1000
Message type: FACILITY
User-User
Protocol discriminator: X.208 and X.209 coded user information
H.225.0 CS
H.323 UserIinformation
H323-message-body: facility
H245Tunneling: true
H245Control: responce: terminalCapabilitySetAck
H245 response: masterslaveDeterminationAck
Decision: master



HepoctaTtku H.323

e CNOXXHOCTb MPOTOKOSIbHOIO CTEKA
« HeobxogmmocTb nogaepxku asyx ctekoB TCP/IP u
UDP/IP
[1roxast macwTabnpyemMmocTb
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