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Al g i saleY S) Buffer s Jshl 858 dafial) zlings WS Jall oL
Bytes 1+ A Y+ (e IPv4dL paldll Headerd) aas 7 51 % ) Frames-)
axa ¢ sSan e Options) alasind 2 &l 136 axsiedl Optionsdl e loli
s 8Bytes ! UDP Headerd zls:s Bytes Y+ s 5 <l Header)
RTP ) aaa Jdla o6 Alall o34 4y 12 Bytes ! RTP Header-

40 Bytes s <Uball s 2a) 5l Frame

Empty RTP Frame Size = 20 Bytes for IPv4 Header+ 8 Bytes for UDP
Header + 12 Bytes For RTP Header = 40Bytes.
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1500 Bytes — 40 Bytes for each frame = 1460 Bytes
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3 mS) Ul J8) aa J oS53 50 TCPA o) Cagymall (gad Jaill dilee 8 Lgie
ac Y 4l A sie ey age el JA aal) a3l Jale g piiay Y il 5 sl
J& (e 25U 4ial & aal e S Broadcasting- s Multicasting) <iles
& & UDP JS5ig o gl 3ga s alud) s jilly 5 maall JSEIL i)
s Framedll oa¥) aaall o leana 3y ¥ Al Gl Jail) ddee
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Wb s FEC — Frame Error Correction JM& (e clldy 4a gla Juad
AJL»J}” gAﬂaﬁJh:}L}A‘YﬁQE:)Lua?WZJJL;A

:RTP Real-Time Transport Protocol Header-) <l gsa

zoals sa LS dauis Fixed 4l 12 Bytes ¢« RTP Headerdl ¢Sy
;LFSL“J\ Ja) =

i . | . )

vV O|P|X cC M FT Sequence number

Timestamp

Synchreonisation source (S5RC) identifier

Contributing source (CSRC) identifiers (optional)
e ——

Extenzion header (eopticnal)

WV = Version CC = CSEC count
P = Padding M = Marker
¥ = Extension PT = Payleocad type

padiuall RTPY sl 48 aasns 2 bits (= 0sShis :Version -)
A laay) e Jard i s g

Cila slee Capamin US 1) an Flag 525 1 bit o< 05845 :Padding -Y
Paddingd) 13a axiivy of (Sa JiS 5 RTP Headerd e 4l
il Alall o3y 5 88 IS5 RTP Payload- Jue) 2 i WS Al
L4 Payloadd & se s Slaglaa Ao (s sisan 3 g Padding)
RTP Header Jiul

RTP 4 o€ 13 cpw Flag 25 1 bit o« 05545 :Extension -V

&5 Y ol RTP Header-) 4 2 Extensions = s sis2 Header

RTP aadies il Applicationdb 4ald Slaslas o (g giat
Loblal) Jail
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Content J 2 (pw 485 4 bits 0« 0S4 : CSRC Count -£
Fieldd 13 saa% 9 RTP Header-! a4« 43aldl Source Identifiers
2sl5 RTP Stream & RTP Stream (s ST ged 3,8 US Als 3
e a5 Payload Type oo ST dsasd (Say ¥ il Cag el (e
2 M5 ) geall 5 Speall Jlu ) 2 53 WS Al 8 WL RTP Stream-
Ay JSlie elai a8 Jully RTP Stream-) (s (pil aladiad (g
RTP I e (S A5 03 (Jal g5 5 suall 5 & guall (s kel all dilee
RTP = 3, salh 4=l RTP Streamdl s & gals (aldll Stream

A OsShs Lie & (ald [dentifier stacly W jaaiy aal 5 Stream
Say S CSRCA 22 Jiay 385 32 bits (» CSRCIdentifier
480 = 32X16 obel anny 16 N RTP Headerd e Ll
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JS Jle ¥ Aled 5 Ay aw Flag s25 1 bit (e 055 :Marker -

e Image Frame 3,9 J& A 4 JUSy ULl (0 Ao sana

Jsl 8 ) 4ad e s sisaw Marker) <l ld RTP Packet (eSS
Bl Gl Jua )Y diles 9 4410 48zl allis )] &5 Frame

Al Al QUL ¢ 5 Led a8 7 bits (= 05545 :Payload Type -1

Jaand oy () Sy ¥ Ll s sl LS5 RTP Packetd e Leliass

) Jsall s RTP Stream-) oudi e Slibal) (e g 55 (g S
:RTP Stream- e Ll (Say 3l RTP Payload- ¢! 55l
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FT encoding audio/video clock rate channels
name (/) (Hz) (audio)

0 BCMIT R 8000 1 [RFC3551]
Reserved
Reserved

5H B 8000 1 [RFC3551]
G723 i g000 1 [Kumar]
DVI4 el g000 1 [RFC3551]
DVI4 B 16000 1 [RFC3551]
LPC i g000 1 [RFC3551]
BCMR el g000 1 [RFC3551]
G722 B 8000 1 [RFC3551]
10 Ll i 44100 2 [RFC3551]
11 Lla e 44100 1 [RFC3551]
1z QCELP el 8000 1

13 CE B 8000 1 [RFC3389]
14 MFL e 30000 [RFC3551]
15 =728 el 8000 1 [RFC3551]
16 DVI4 B 11025 1 [DiPol]
17 OVI4 e 22030 1 [DiPol]

S B T § BY O L S B

[T

18 G729 Y 8000 1
13 rezerved iy
20 unassigned iy

unassigned iy

unassigned iy

unassigned iy

unassigned v

CelB v 30000 [RFC2025]
JPEG v 30000 [RFC2435]

S I T ) Y S L L% B B

unassigned v
nv Vv 20000 [RFC3551]
unassigned v
unassigned v

Hzgl v 50000 [RFC
MEV v 30000 [RFC
ME2T AV 90000 [RFC
HZ83 v 50000 [Zhu]

L Ra

[

S I L LT L T L S L L T S T S T (R S L R LT LS (S ]
[ e R R = ]

5--71 unassigned ?

2--T6 regserved for RICP conflict awvoidance [RFC3550]
TT7--95 unassigned 2

2g--127 dynamic ? [RFC3551]
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Al e sginag 16 bits (o« 0sShs :Sequence Number -V
RTP JSlaaly Hhier b s Al sdie S dgladl 8 al gy (2l Jualuiall
RTP Packet) a8sa 43 yeal a8 )l 138 (0 oldioy g Al ) a3 Packet
) O GLES) 3 Abe sy SIS (4 i Alee ¢l aY 4adlinl die
AL !l RTP Packets! ¢

A Al cld ) e g giay 5 32 bits (i 0554 s :Timestamp -A
JSay bl a3 (e dldiuy g RTP Packetd! (Ao <blndl Juasd 4
Jusinyl g d\.uu:)_[\ alee (4 :\_'\A\}J\J Jitterd) oK (_A:; alzil S

Lagin (3 patisall (ha 3l

32 (= 0sSus: Synchronization Source Identifier SSRC -9

e RTP Stream JS padl Wil sdie A gy Judidia o8 e (5 639 9 bits

L Sessiondl wéi e AY) ae RTP Stream 4liiy ¥ Cusy o e
RTP Stream Conflictlb (oo Lo ) (53750
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:RTP In .NET <) aladiul

<18 (K RTP Protocol! Classes 4 NET Framework 3.5 ac 2 ¥
Dvadl 7 gidall e g pia (ea Third Party Kits-) 0« 4e saxs Microsoft
RTP Protocold 3¢ e ssisy I3 Microsoft Conference XP
dee 488 e el Classesd) (0 4e senne ) el &5 385 JolS JS

: Ml 8 s LS5 RTP
RtpSession
RtpParticipant (local) Threads
* Unigus name pr— | RtcpListznar
* Friendly name » RtcpSender

» Rtplistenerxz2

* Performance Countars

Collections

» RrpParticipants
RtpSender * RtpStreams
With ar without forward errer tfp— " RtpSenders
carrection

Events

Farticipant Added/Remaoved
Btream Added/Removed
Frame Received

Etcetera

RTP Sessiond! s2aiw :  RtpParticipantls RTPSessiond ¥l
de gana Jlo ) e & () (S Gl 5 JlaiV) dila 3 5l0) dilee 8 ald (S5
e Ao sena 32l Segsiondl Jualy o} (Saps LS RTP Streamd ¢
RTP e SG daaty ) 2al 5l & jisiall (Say XX Participants (xS yidall
Al JuaY) &% A Portd) &85 o) sl RTP Session JS i s Session
s AY oo RTP Session JS ligiae il CNAME 4l oy Sl

i QJJS\ ‘_g dhASJ

RtpSession rtpSession = new RtpSession(endpoint, new
RtpParticipant("'My Audio Session', ParticipatorName),
true, true);
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Multicast IP O)sie Je ssisy iy Endpoint Objectd) L 3
RTP Sessiondl ) diiall i Jus pall aaiy s JLiinY) Port ) dilayl
Ol i 4dy il s RTP Sessions) ) RtpParticipant Object - i b
RTP Session) <o 23 JaS3 @lld 22y 4] Joaiall sl g CNAMED a3 o4
RTP I Y aleai¥l i il J¥) (4 2asy5 False sl True o ueb

Session &l aladinly Juu YY1 (558 CuS 1Y) (SN 2y 5 Jadé Segsion

RTP Sessiond Jals aasi Al &laaY) de saae 58 5 :RtpEventsd) Wil
‘_A\ Elaall sda e...usﬂjl.@;a Lﬁ‘ Gigaa die ‘e Action s u\ QSA.J‘;MJ
o oSy JLEyT sl Jla Y1 o) JSLE f eUadf CaliEikl Jag 3 Calaal Y |

;s 5 Exceptions Events lerams

1- DuplicateCNameDetected
2- FrameOutOfSequence

3- HiddenSocketException
4- InvalidPacket

5- InvalidPacketInFrame

6- NetworkTimeout

7- PacketOutOfSequence

8- RtpParticipantTimeout

9- RtpStreamTimeout

RTP Received Datall s e Report loslea alal da g diaa Wil
.ReceiverReport 2 s

RTP Session < dila)s Session (ol alaai¥l Gleii cilaal GG
:s* s Participant & Stream Add/Remove Events

©2009 Fadi Abdelgader SocketCoder.Com




An Article About C# RTP VOIP Programming - Arabic

1- RtpParticipantAdded

2- RtpParticipantDataChanged
3- RtpParticipantRemoved

4- RtpStreamRemoved

5- RtpStreamAdded

RTP Session ) slaai¥) oy e o 8 Elaa¥) oda (A liegy Lo I
GlyY RTP Sessiond! (e gl ab e GlliS, Juain¥) dglee ol
Gaall Ly )5 Wl Hook daxs a st o Y ol cangy laa) o8 ae Jalxil g JlsiinsY!

S L Ly anll Gl s pam vie L 25 wiaes 21 AL

private void HookRtpParticipantEvents()

{

// Add Remove Participant Events
RtpEvents._RtpParticipantAdded += new
RtpEvents.RtpParticipantAddedEventHandler (RtpParticipantA
dded);

RtpEvents_RtpParticipantRemoved += new
RtpEvents.RtpParticipantRemovedEventHandler (RtpParticipan
tRemoved);

}

private void HookRtpStreamkEvents()

{

// Add Remove Stream Events

RtpEvents _RtpStreamAdded += new
RtpEvents.RtpStreamAddedEventHandler (RtpStreamAdded) ;
RtpEvents.RtpStreamRemoved += new
RtpEvents_RtpStreamRemovedEventHandler (RtpStreamRemoved) ;

}

private void RtpParticipantAdded(object sender,
RtpEvents.RtpParticipantEventArgs ea)

{

ShowMessage(ea.RtpParticipant.Name + ' has joined');

}

private void RtpParticipantRemoved(object sender,
RtpEvents.RtpParticipantEventArgs ea)

{

ShowMessage(ea.RtpParticipant.Name + " has left™);

}
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private void RtpStreamAdded(object sender,
RtpEvents.RtpStreamEventArgs ea)

{

ea.RtpStream.FrameReceived += new
RtpStream.FrameReceivedEventHandler (FrameReceived);

}

private void RtpStreamRemoved(object sender,
RtpEvents.RtpStreamEventArgs ea)

{

ea.RtpStream.FrameReceived -= new
RtpStream.FrameReceivedEventHandler(FrameReceived);
}

.SAll 4aldl RTP Eventsd) dolaad 4818 aa Jalaill 3 JS&) elld (udaiy

oy ety b pdle JlayY) Sa ;o RtpListener Js RtpSender ) GG
RTP Session! 41 ) ol <o RtpSenderd! < =3 s RTP Session-!
all ) aiws 53l Payload Typed) baad Ll Caliay g il 48y iy Liad (53])
OSay o e (e Sessiond & RTP Senderd) juails RTP Sessiond! e
A oy pais null 4ad 5l LEs) A Hash Table «asd &b ¢

:JiS L WS s CreateRtpSender

RtpSender rtpsender = rtpSession.CreateRtpSender("'My VOIP
Sender™, PayloadType.dynamicAudio, null);

FEC — Frame Error 4 acxi Cusy Jull JQAI0 48 i Sar
A som 5 2ic Packetd) msaal 40S4) acal &y s RTP Packet! Correction
b LS A aladl (KGN maay g Al Jlu ) Bale) calla (e Yoy eladl S ga g e
- JES
RtpSender rtpsender = rtpSession.CreateRtpSenderFec(''My
VOIP Sender With FEC™, PayloadType.dynamicAudio, null,

CDataPX, CFecPX);
rtpSender.Send(buffer);

RTP J (e dlall o2 Jexié RtpListener Jb Juiin¥) (e pady Wiy
3y Al 038 by Adall ) alecas¥) Cuaay ) @l s @35 Session
Jac Vsl oy @l danly JUEtaY) fays iaall 28w o dwlall ) elalaail
J8 e Lo by Jla ) Ty die 5 el ey j2s iad 3 RTP Events-l! Hook
S Jomasl iSars Jugiu¥) oy Gaall 25 oy Gl e b gl
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A (e daliviall 3 Frame. Buffer 4xalall JOA (e i) SUL G sise
: FrameReceivedEventArgs

private void FrameReceived(object sender,
RtpStream.FrameReceivedEventArgs ea)

{
Byte[] Buufer = ea.Frame.Buffer;

}

:Real-Time Transport Control Protocold y<=ise s 3 RTCPJ

ot Al Cilleadl 3 aSadll 5 5l0Y RTP e Jary 40l ailalasivl aal (e
o) iy lleall Gl Ala e 5 s IS 5 )y pall Aol

RR Juin¥l 5 )l SR Jua,¥) ol -

Source description SDES <llall s e Jualds ¥

Add Remove e san ei\d zosalls slexmi¥l 30y Y
.Membership

RTP Session! A= 1> application-defined APP = - £

Sas JieS s RTCP Namespaced) d3a (e @iy UK (e 2t o Ky
o ledlbdin Qb Al Ukl ae Jaladl RtepListener Class ) aladiul
lali <3 Ay Membershipd <blee 3l3) 3 RTP Sessiond! Ja
Juspall Ty yi lly Jlai¥) 40 Ala e Glaslee aii Liagl s Wil
RTCP ) clalasind) oo 5T Cilaslea 48N gy adbla g (Jaiually

.Conferencing- 4akil 5 )12} & Protocol
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Jda Al Cgall Ji5 Aded RTPA Direct Sound-) ga Jaladll
Multicast VOIP 3 4aliil & Jitter Jb Allaial) Jslial) (any
:Conferencing

a gl gy 8 el AES s RTP Sl s e Gl ol i casa
) Ahd e Ggall Gl dag aUai daa yy Gubaly aglie el a0 A
Ciagr Bufferd oalsiy oSailly Lyl asiins One-To-Many 4e saxs
Delayd! il 4y aSailly (a pally Jlay¥ly domsll dilee G Al 3l

A Aoy e el Ju )Y ddee A Loss s

: Gigall aa Jaladl) L2 DirectSound-) aladiud oYl

Jls Microsoft.DirectX-) 4l (1o ¥ sl 1Y DirectSound-! g Jalail
* References) ] Microsoft.DirectX.DirectSound Namespaces
& padiud Al g Classesd) (w2 Ao DirectSound-) s sisas & 5 il
A 5 = =l s Encoding) s dusdl) Jie Ly j8 & geally (3laty Lo JS da

Al Classes ) alasiul sa g 5 piall 138 & Liagy ey ) 5a¥l (e

e Jie Wave Formatd) Jualdd vasil aaiiun s 'WaveFormat
Jie axdiwdl  Modulationd) ¢ 555 5 ¥ sl ) S Channels!
SamplesPerSecond-! 22 3 PCM-Pulse Code Modulation-!
dissd Adae 0 Clagleddl o2 p233WY  BitsPerSampled) 2

AU e Ll Sl Bits () 4 gall i)

Bytes I aas 2l aadi s :CaptureBufferDescription
Absilll WAVE Bits JuiiseY 3 S 86 jas ohu )l 5 Buffer

el s Array Of Devices 525 :CaptureDevicesCollection
Glas g 4alaidl  Hardware Devices Infod 488 gl )Y
LEl e L Leie aaly il dlal dalid) dggeall 1 AYNJESY)
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e Al Devicesd! (e 2l s aaail aadiny 5 :DeviceInformation
GUID JI aa e <us CaptureDevicesCollection ¢+ Lels )|
<Ll Sound Driver-b =il Globally Unique Identifier

g s S A Driver GUIDA 4 <=y :Capture
L&ly  CaptureBufferd 2 4slaiiu¥  Devicelnformation
Bufferd) & 4b &35 & gall

G pall Ll ddee e Jsiwdl Classd) 525 :CaptureBuffer
CaptureBufferDescription 4} 4« 3 Bufferd) & 4z
il laall e & guall Llall) Llee a0 Capture Objectd) s Object
sl Byuffer PLESEREN a3y yadll

Handler Notification Class 25 :BufferPositionNotify
Alma d3hie ) Bufferd) J sy die 2s0 Event 248 addioy

Bufferd) (o2 W Jay o) A Bytesd) 2ae 4 sy 5 :Notify
Bufferd & &5 dima dlery 2 s 53 Eventl! Trigger Jee Al

A (e

Sound Card-l waad & 44 aaiuall Cojla (& addius s ‘Device
Applicationd) ¥l culia 4 Jay s e Cigall (e w62
B, Ssall e s Aalles Alee 6 dne el s 53

.CooperativeLevel Priority

Sl giny A adiuall Cipha (4 aadtes s :BufferDescription
o Glaslaa gla 5 maail Methodsd)s Propertiesd) (s« 4e oz
L Jaas esa )l Bytesd) st (8 addiunw ) Bufferd)
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A Al as el Ciyl (8 aa3aws :SecondaryBuffer
Buffer)) awsi Llee 2 Device Objectd) sBufferDescription
syl Sound Deviced) (e 4ua e 4lSa) & (4 g

€ﬂaiiu&gcxgudbd\Cya&SKQAQA‘JA!¢Q}¢ﬂ\¢ﬁdSaU53¢L¥‘}a{)A;Qgﬁi
:RTP-3 DirectSound-

Jaladl) i Al Classesd) (» Class IS pladiul (e s g0 7 s B Leday
Liaa p Lgeadin) 48K e ¢ 3all 228 é daatis Direct Sound-! @ [PEDS
sle A alai) Bl alat A8l o gila) Adasl yial) ol el (e Ao sane JS

(058 s Jagenll QR sl (pa s S

Ot S8 e GQgall disd 4deal Sound Cardd) ge Jaladll -
: WAVE Format ) ge Jalaill

ai LS 5 Direct Sound-b dalall Classes-) < i (¥ dla sl

private CaptureBufferDescription
captureBufferDescription;

private AutoResetEvent autoResetEvent;

private Notify notify;

private WaveFormat waveFormat;

private Capture capture;

private CaptureBuffer captureBuffer;

private Device device;

private SecondaryBuffer playbackBuffer;

private BufferDescription playbackBufferDescription;

PREGITT Lﬁm Sound Card-) =il alla £Lih ?Jm Al syl
il die Lgudi o SIS 5 & peall Qi Al

public void SetVoiceDevices(System.Windows.Forms.Control
AppForm_TypeThis)
{

// Use The Recommended settings For Sound Devices

©2009 Fadi Abdelgader SocketCoder.Com




An Article About C# RTP VOIP Programming - Arabic

SetVoiceDevices(
0, // Device Number (First Device)
1, // Channels (2 1T Stereo)

AppForm_TypeThis, // Application Form Pointer
16, // BitsPerSample
22050); // SamplesPerSecond

}

public void SetVoiceDevices(int devicelD, short channels,
System.Windows.Forms.Control AppForm_TypeThis, short
bitsPerSample, int samplesPerSecond)

{

// Installization Voice Devices

device = new Device(); // Sound Input Device
device.SetCooperativeLevel (AppForm_TypeThis,
CooperativeLevel .Normal); // Set The Application Form and
Priority

CaptureDevicesCollection captureDeviceCollection = new
CaptureDevicesCollection(); // To Get Available Devices
(Input Sound Card)

Devicelnformation devicelnfo =
captureDeviceCollection[devicelD]; // Set Device Number
capture = new Capture(devicelnfo.DriverGuid); // Get The
Selected Device Driver Information

//Set up the wave format to be captured.

waveFormat = new WaveFormat(); // Wave Format declaration
waveFormat.Channels = channels; // Channels (2 if
Stereo)

waveFormat.FormatTag = WaveFormatTag.Pcm; // PCM - Pulse
Code Modulation

waveFormat.SamplesPerSecond = samplesPerSecond; // The
Number of Samples Peer One Second
waveFormat.BitsPerSample = bitsPerSample; // The Number
of bits for each sample

waveFormat.BlockAlign = (short)(channels * (bitsPerSample
/ (short)8)); // Minimum atomic unit of data in one byte,
Ex: 1 * (16/8) = 2 bits

waveFormat.AverageBytesPerSecond = waveFormat.BlockAlign
* samplesPerSecond; // required Bytes-Peer-Second Ex.
22050*2= 44100

captureBufferDescription = new
CaptureBufferDescription();
captureBufferDescription.BufferBytes =
waveFormat.AverageBytesPerSecond / 5; //Ex. 200
milliseconds of PCM data = 8820 Bytes (In Record)
captureBufferDescription.Format = waveFormat; // Using
Wave Format
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// Playback

playbackBufferDescription = new BufferDescription();
playbackBufferDescription.BufferBytes =
waveFormat.AverageBytesPerSecond / 5; //Ex. 200
milliseconds of PCM data = 8820 Bytes (In Playback)
playbackBufferDescription.Format = waveFormat;
playbackBuffer = new
SecondaryBuffer(playbackBufferDescription, device);
bufferSize = captureBufferDescription.BufferBytes;

}
Ll eat] ¢ geall il dalall Alal) oLas) 206 da )
s,
private void StartRecordAndSend() // Send Recorded Voice
{

captureBuffer = new
CaptureBuffer(captureBufferDescription, capture); // Set
Buffer Size,Voice Recording Format & Input Voice Device
SetBufferkEvents(); // Set the events Positions to Send
While Recording

int halfBuffer = bufferSize / 2; // Take the half buffer
size

captureBuffer._Start(true); // start capturing

bool readFirstBufferPart = true; // to know which part
has been filled (the buufer has been divided into tow
parts)

int offset = 0; // at point O

MemoryStream memStream = new MemoryStream(halfBuffer); //
set the half buffer size to the memory stream

while (True)

{

//WaitOne() Blocks the current thread until the current
WaitHandle receives a signal

//WairtHandle(""Encapsulates operating system—specific
objects that wait for exclusive access to shared
resources'™)

autoResetEvent.WaitOne();

memStream.Seek(0, SeekOrigin.Begin); //Sets the position
within the current stream to O
captureBuffer.Read(offset, memStream, halfBuffer,
LockFlag.None); // capturing and set to MemoryStream
readFirstBufferPart = !readFirstBufferPart; // reflecting
the boolean value to set the new comming buffer to the
other part
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offset = readFirstBufferPart ? O : halfBuffer; // if
readFirstBufferPart set to true then set the offset to 0O
else set the offset to the half buffer

byte[] dataToWrite = memStream.GetBuffer;

// Here you can Compress the voice buffer

// Sending the compressed voice across Network

}
}

& i J5Y) 0l 3 ) Bufferdl e s 3 s Buffering) 3,03 -Y
o All S Al Alaal o gt U g Jansall el 3335 e
R

protected void SetBufferkEvents()

{

// Goal: To Send While Recording

// To Set The Buffer Size to get 200 milliseconds and
divide it in half,

// so that when the first half i1s filled the data can be
used to send,

// while the second half of the buffer i1s being filled
with PCM Data

try

{

autoResetEvent = new AutoResetEvent(false); // To wait
for notifications

notify = new Notify(captureBuffer); // The number of
bytes that can trigger the notification event

// the first half

BufferPositionNotify bufferPositionNotifyl = new
BufferPositionNotify(); // to describe the notification
position

bufferPositionNotifyl._ Offset = bufferSize /7 2 - 1; // (=
At the Half of The Buffer) to know where the notify event
will trigger

bufferPositionNotifyl_EventNotifyHandle =
autoResetEvent.SafeWaitHandle.DangerousGetHandle(); //
Set The Event that will trigger after the offset reached

// the last half
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BufferPositionNotify bufferPositionNotify2 = new
BufferPositionNotify();

bufferPositionNotify2.0ffset = bufferSize - 1; // (= At
The Last Buffer)
bufferPositionNotify2_EventNotifyHandle =
autoResetEvent.SafeWaitHandle.DangerousGetHandle();

notify.SetNotificationPositions(new
BufferPositionNotify[] { bufferPositionNotifyl,
bufferPositionNotify2 }); // The Tow Positions (First &
Last)

}
catch (Exception) { }

}

Ayl o34 3 Aaliall Tl ules alaiiuly aliud) Bufferd) i -7
23 b Lind i€y s Apnliall Tkl Ak sl b oll 2lie LAl
adaiia 2 6 5l e Bufferd e 4ims Coding dalens pLall dls 4l
Coags & gaal dauliall il g Jaxazall g il Al )2 ol A can g (S
LaaY L 9 kaill aias Al 5 QoS Quality Of Serverd) (Ao adadlaal)

&) A8l e Akl )y RTP Packet < Buffering) —alas -¢
:Multicast RTP Session

) plaai¥) 4aleal RTP Protocold) aladiul 48 ~ yh Wle Gud

(= w3l RTP Packetlb Byte Data-) —aulad 44 &l 5 Ao gana
S sl el slel

I & RTP Session ) placai¥ls o stas (ainnall) Jiaad) o hall a0
2 dalanll 02~ 54 o5 LS JLEiuY Session) e Listening-) e
RTP ) 38 aiss RTP Session (o) iVl amy 4 3) G Gl
e B3l lilall Justa) (e iSass 093 Al 5 Session Event
A je o5 Bufferd) gaead WiSay @l day g Jus yall

private void RtpStreamAdded(object sender,
RtpEvents.RtpStreamEventArgs ea)

{

ea.RtpStream.FrameReceived += new
RtpStream.FrameReceivedEventHandler (FrameReceived);
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}

private void FrameReceived(object sender,
RtpStream.FrameReceivedEventArgs ea)

{

PlayReceivedVoice(ea.Frame.Buffer);

}

dalec o) aY Buffer 4 Al Bytesd apeaad o Juiinl) dalee a2y -1
bl Sound Device (e 4 je &l (10 5 haruall Sl

private void PlayReceivedVoice(byte[] VoiceBuffer)
{

//Decompress the received data
// byte[] byteDecodedData = Decompress(VoiceBuffer);

//Play i1t on the speaker device.

playbackBuffer = new
SecondaryBuffer(playbackBufferDescription, device);
playbackBuffer Write(0, byteDecodedData, LockFlag.None);
// 0= 1s the Starting Point (the offset)
playbackBuffer.Play(0, BufferPlayFlags.Default); // 0 =
IS The Priority of Sound for hardware that mixing the
voice resources

}
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A Aoy Al de pwy o iUy Bufferd) ass dwijy Ul
:Jitter Loss And Delay-l

d“}c 6&5 el 4y eS;ﬂ\ 9 Bufferd! B lus 48K U“Jﬂ‘ Jaa @ eﬁl.u
.'B.Jj;ﬂ cﬂhsjz\s.u.d\ 3JJ§

3yl L asei e Ju ) selis Bufferd) aaa o 83030 of Wil Ly
OSI B ASud e s e il (e S) o) Jlay) 4] Ul 5 Ll )
ol e sl @lld (36 K35 LS

Frames-) &lli axe 524 ) cany Jlu )Y +L8) Frames g b 4618a) :J5Y)

5 gl Jiiaal) dals s Frames) @lli asdil ST g ) Ju all dals ;56
Delay-)) s34y j easally s Framesl <lli i jisale Y ST Buffer

) Aglee 4 Lpeadiiin iy Clallaadll aal Gy jedy i 4ol b
:SetVoiceDevices Allall & Galad) (a ) Lpanaddy L Al Buffer!

4oy Qgall Jad WA (e & Al Glgall x4 :Channels
FEEN addal) G gisl) dae Cacliay g (ilid PRENIE Stereo-! e\LB ol JES
Ll oy ) ol gl aary iy 451 sy Bufferd)

2 e i 45 Sampling rate Lyl a5 :Sample Peer Second
Ore @dsal A 8 Sampled) Of <o yzall (e 3aal gl 456L Samples!
Jisnd Gl sed Samplingd) iy 23ae (e B gl Al (e
) Signald) &lli b a8 Caags discrete signal &) continuous signal!

S Sl

S Bitsdl 22 a5 bit depthlb 4 pays : Bits Peer Sample
LSy )l I gkl aUaill e 32a) 5 Wave Sample Jasail lealiaiu
<1 Buffer aaxa Al zLEaV) ol j g &G geall 3o @l ) LS bitsdl aae 3
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Jusinl g Jle )Y Glilae & 4aliaia Lﬁlﬂ\ Bufferd FEEN laal GSL"JLU

aaliain 52l Bufferd aaal oY) aall 48 jee ey 4000 Aabeal) JMA (e
Y dlae ¢l Y

Bit rate = (bit depth) x (sampling rate) x (number of channels).

The Minimum Size Of The Buffer in Bytes = Channels X (BitsPerSample/8).

Example: 2 X (16 bits /8) = 4 Bytes

The Minimum Size Of The Buffer in One Second = (The Minimum Size Of The Buffer
in Bytes) X (Number of Samples Peer One Second)

Example: 4Bytes * 22050 = 88200 Bytes For each Second.
saal 5 4l (3 )31 88200 Bytes o= Ju ¥ Buffer (o) zlisiv Ll Jixy 134
e A glhaall de pdl Gluad g ngtz,aj Jlw I j Lrall ddee J8 Gipall e
dalac ‘_g Q) e elllia o Sand 33a5 1) L;M\j 3aa) o) Al @ Juaiy) sld
<l gladll Budata bi:.s:m e g e S Ggpall Jaas QJ\:ALU Ehaaill
Al
2 88200 Bytes Jlu )Y Leabianin 3 5 Jaisall Frames ) sae il Y
;Bh\}l\ 2\:\3&\

(88200 the size of the buffer for each second) /(1500 Bytes the minimum size of the
frame In Ethernet as example - 40 Bytes The Minimum Size of The Empty RTP
Frame) = 61 Frames

42 )Wl Frames) aaa loa Wil
61 Frames X 40 Bytes = 2440 Bytes

A el VoY E o leandis Bits () Lel il A Lgy juia g al) 8IS aan GG
: KB b 4 sl de il

(88200 + 2240) (8) / 1024 = 706 K bit/Second
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e Bl 5 4l Jiil 706K b/S e Ji Y Aoy 4805 ) zlinis Ll iay 138
16 522050 Sampling Rate 5 Juail (58 :lial 50 Wave Voice-!
. saall 50 6] Bits

s SetBufferEvents alall dawhy Wl Jla ¥ 5 dasedll Aalae 454l Jal
e aldll Gpall Jad 8 aadiins V) oils ) Bufferd) sl
O o) Ll Uil elly 3wl o (Jlu )Y dplae (B aadiinn S0 5 58 5 SH)
Cuay Cualll ) Bufferd) 4 Juay Laie duw J Y1 Notificationsd!
sl ) asila) JElL 5 Gsall G )38 Gasadall o jall o3l e 4 Glay
s A e all oMl Ala iy JloM pacaddl Bufferd) e ol

Aslaall ) Sl daa (e 4didat 8 (e g Bufferd) )

axns dgn (e Al de ju e el aaing g JlaY) (e Load sl (K
vie Bufferd) dolS Jlu b Gilad) JUall 8 Liad 385 5 jal dga (e Buffer
ITU 525 G.711 Jbaall aladiuly adasia 22y @lld5 200 milliseconds JS
alainly Sy G pal baradddl baall julee sas) e iy Standard
oo L@ il J) Wave Formatd) aas JilE jledd) el

L0 Y g s S bl 138 e 2 s il shadl

http://en.wikipedia.org/wiki/G.711

Jaally Jalad) JUall Jaaadl

http://www.socketcoder.com/ArticleFile.aspx?index=2&Articlel
D=64
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