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RTP Real-Time Transport Protocol 2 < sSa :J s¥) Juadl)
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V = Version CC = C3SBEC count
P = Padding M = Marker
{ = Extension PT = Paylecad type

padiudl RTPA Jlaal) 48 aasis 2 bits (= 0sShis :Version -1
S ey e Jesd oy Wl

Gl sl Caniain US 1) 0w Flag 25 1 bit (= 05Shs :Padding -2
Padding) 13 axiiey o (Sey JiaS s RTP Headerd)) e 4l
Caliay Allall o3gn g H8ia JS4 RTP Payload) b)) &5 LS Alls 4
L4kl Payload-) ad e s> Gl glan e (5 gisan 53 5 Padding-)
RTP Header Jiui

RTP J oS 13 saw Flag s245 1 bit o« 0s5Shs :Extension -3
&5 Y ol RTP Header- 4 & Extensions i s sisy Header
RTPJ aadius )l Applicationdb dald Sloglaa e (g g7 38
byl Jad
Content I 2e (w445 4 bits o« 0545 : CSRC Count -4
Field) 13 xaai g RTP Header-! g 43l Source Identifiers
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aal s RTP Stream 2 RTP Stream (s S| zod &y US dlla 8
e 2als Payload Type ox JiST Jiead (S ¥ 4dl g paal) (e
N pall g O geall Jlu)) 3 WS Al & UL RTP Stream-)
B ABY JSlia jelai 8 ULy RTP Stream-) (e (pf) aladiul (e
RTP I e (S Al 03 Jady by gl 5 s socall (s Aie) 3ol e
RTP = 5, sall (=ldll RTP Stream-l s & sall (=Wl Stream
3OSy Wie JS el Identifier slael W s sl s Stream
OSa S CSRCA 2xe Jiay 385 32 bits ¢« CSRCIdentifier
480 = 32X16 obel anny 16 I} RTP Headerdl o leluass

bits

JSU Jla ) Al s Al Gaw Flag 525 1 bit (e 05545 :Marker -5
e Image Frame 3)5a J& A 4 JUS bl (4 4o sana
Jsl 8 1 4ad e s sinus Markerd) ¢lld 08 RTP Packet o S|

3 geall Al Jla Y Ales 5 Al 48 jaal alls ) o3 Frame

gz Al QUL & 58 Led a5 7 bits (< 055505 :Payload Type -6

et o o) (Sar ¥ il Lisia sl LS5 RTP Packetd e Leliaas

S Jsaall s RTP Streamd) o e Ul (e ¢ 55 e S
‘RTP Stream- e Lbwsi Say 3 RTP Payload- g 5
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FT encoding audio/wvideo clock rate channels

name [2/7) (Hz) [audio)
1] PCHT L 2000 1 [RFC3551]
1 Reserved
b Reszerved
3 G5H L 2000 1 [RFC3551]
4 G723 L 2000 1 [Fumar]
) OVI4 L 2000 1 [RFC3551]
& DVI4 B 16000 1 [RFC3551]
7 LEC L 2000 1 [RFC3551]
8 BCMZ L 2000 1 [RFC3551]
3 G722 L 2000 1 [RFC3551]
10 Lis n 44100 b [RFC3551]
11 Lla L 44100 1 [RFC3551]
1z QCEL L 2000 1
13 CH L 2000 1 [RFC3389]
14 MEL L 30000 [RFC3551]
15 G728 L 2000 1 [RFC3551]
1é OVI4 L 11025 1 [DiPol]
17 DWVI4 L 22050 1 [DiPol]
18 G728 L 2000 1
13 reserved L
20 unassigned B
21 unassigned Iy
22 unassigned iy
23 unassigned iy
24 unassigned v
25 CelB v 30000 [RFC2028]
28 JEEG v 30000 [RFC2435]
27 unassigned v
28 nv v 30000 [RFC3551]
| unassigned v
30 unassigned v
31 H2el v 30000 [RFC2032]
3z MPV v 30000 [RFC2250]
33 MP2T LV 30000 [RFC2250]
34 H263 v 30000 [Zhu]
35--T71 unassigned ?
T2-=-T86 reserved for RICP conflict awvoidance [RFC3550]
TT7--85 unassigned 7
96--127 dynamic ? [RFC3551]
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Al e ssiss 16 bits o« 0sShs :Sequence Number -7
RTP JSVaaly jlaiay s (A sdie S5 4lad) 8 a5 (sal) 5 Juslusdiall
RTP Packetd) a8 9o 48 yaal o8 1) 138 (pe 2Wiuy g 4llu ) o5 Packet
) Ol GLES) 4t sl X s i dlee o) jaY 4adind v
AL )all RTP Packetsd) (%

& Sl Cd gl Je (5 sin9 32 bits o 0sShs Timestamp -8
JSGy blall sl (e aliiiy s RTP Packetd) (e cbiludl Jaast 4
DL 5 DY) idee (s el 3l 5 Jitterd coMSie e ! S

Lagin B aiuall (e il

32 = 0sShs: Synchronization Source Identifier SSRC -9

0= RTP Stream JS el Ll sdie Al gy Juduiia 58 ) e (5 5ia 5 bits

las Sessiond) pdi e AY) ae RTP Stream 4liihs Y Cusy o pe
.RTP Stream Conflictdb oomn Lo ) (5275 3
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:RTP In .NET 3 aladiad : Sl Juadl)

< (SI RTP Protocoll! Classes %l NET Framework 3.53) ac ¥
saadl 7 siddl e 5 pie aa Third Party Kitsd) (s 4= saas Microsoft
RTP Protocold! 315 Jle ssisy sdl5 Microsoft Conference XP
dee 488 e ¢l Classesd) (o 4o sane () dapadi &5 285 JalS Sy

Sl J<ll 8 WSy RTPA

RtpSession
RtpParticipant (local) Threads
* Unigqus name pr—| Rtcplistznzr
v Friendly name v AtcpSender

* Rtplistener:x2
* Performance Countars

Collections

* RtpParticipants
Rtpsender v RtpStreams
With or without forward errar |l ——— * RtpSenders
carrection

Events

Farticipant Added/Removed
Stream Added!Removed
Frame Received

Etcetera

RTP Sessiond! axiiw : RtpParticipantds RTPSessions! Yf
Ao gane Jlu ) L oy () (S )5 eV Al 3 )3 dlee (A ol (S
(e 4o sana B2l gl Sessiondb daay of (Sars LS RTP Streamd) (o
RTP (s JiSL daay o) 2a) 1) o jidall oSy I Participants (xS yidal
Al Jua¥) &b A Portd) a8, o) sl RTP Session JS iy Session
s AY) o= RTP Session JS Gligiae juall CNAME il o3 ol

rw gl & JEaS

RtpSession rtpSession = new RtpSession(endpoint, new
RtpParticipant ("My Audio Session", ParticipatorName),
true, true);
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Multicast IP O/ Ao ssisy @ils Endpoint Objectd) e 3
RTP Sessiond ) diisadl 5 Jus yall iy s JLdin¥) Port () 4Lyl
Ol i 4dy 2l s RTP Sessions) ) RtpParticipant Object ) i b
RTP Sessionl < ya3 JaSi clld day 4] Juaiall ol s CNAMER) ol a4
RTP J ) alecai¥) & 5 il JsY¥) 8 23y False sl True af s b

.Session el aladiuly Jlu )Y (s 518 i 13} SEN dasy 9 Jadé Session

RTP Sessiond) Jals ¢aad ) Elaall de sane 58 5 :RtpEvents ) il
A Calaal) o8 andip lgie gf Cagan die (pxe Action gas O oS Sl
O oS s JLEiY) o JlaY) el) JSLEa ) eUadl Calinsly Jas 5 hlasl Y

;s 9 Exceptions Events g

1- DuplicateCNameDetected
2- FrameOutOfSequence

3- HiddenSocketException
4- InvalidPacket

5- InvalidPacketInFrame

6- NetworkTimeout

7- PacketOutOfSequence

8- RtpParticipantTimeout

9- RtpStreamTimeout

RTP Received Datall s (e Report <leslas dal na g Cuaa Lils
.ReceiverReport 2 s

RTP Session «iiss dila)s Session (o) albaai¥U (leii colas] Gl
;2 Participant & Stream Add/Remove Events
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1- RtpParticipantAdded

2- RtpParticipantDataChanged
3- RtpParticipantRemoved

4- RtpStreamRemoved

5- RtpStreamAdded

RTP Session (.\L«'A}\).“ Al (Se Lua g Elaal) ol ‘_g Lagy L )ﬁb
Gy RTP Sessiond! (e zosall ol e GlliS; Juiiny) dlee ol
Euaall Loy ) 5 Led Hook Jars a5 O ¥l ang Ealaa¥) o e Jalail 5 Juiny)

RS L LS g aanll @l ¢ gaa ie La 0 w3l AL

private void HookRtpParticipantEvents ()

{

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

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

}

private void HookRtpStreamEvents ()

{

// 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) ;

}
.SA1 45l RTP Events-) culaal 488 aa Jaladll 3 JSEI @lld (ulaiy

oy iy 3l JleY) oSa : RtpListener J)s RtpSender 41 GG
RTP Sessiond! 4 s ol sy RtpSenders) < s RTP Session
Al )] a3 Payload Typed) Liadl Ll Calicay 5 Wil 4y ety Liad 53])
Sas o e e Sessiond! 2 RTP Sender-! juails RTP Sessiond! e
A o iy null ded 5 Llia)l N Hash Table s & o

:JES b WSy CreateRtpSender

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

FEC — Frame Error 4le acdi Cusy MGl (SN 4d 8 oSy
A som 5 2ic Packet)) musaal 401S4) aeal lly g RTP Packetd Correction
o LS Al alal) (S maay s 4l Jua Y sale) calla (e Yoy gladl d5a g as
:JES
RtpSender rtpsender = rtpSession.CreateRtpSenderFec ("My
VOIP Sender With FEC", PayloadType.dynamicAudio, null,

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

RTP A e Adlal) sda Jaatd RtpListener AL Jusiy) e padn qu
A e Al s34 ‘;_5 sl J) e\.«'al\ﬁ\ Ehasy Adlal) &l day yy @b g Session
Jae Vi cany el damly JLEiuy) fayy sl 3w L5 dulall ) cldlecal)
i (e Le by Jla ) 1y die 5 Ll Ledy =y Luad 31 RTP Events-! Hook
Gl dsasl) li€ays Juiin) fay il daw o4 GilhY) e cayh gl
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dl (e dalicadl s Frame. Buffer dvaldll JMA (e dlsiiad) calilull <l sisg

: FrameReceivedEventArgs

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

{

Byte[] Buufer = ea.Frame.Buffer;

}

:Real-Time Transport Control Protocold »<aise 4 g RTCP il

& all Gl Clleadl A aSail) 35l0Y RTP) ae Jany il aslaladinl aal e
sl anai g Olileal) clls Al (e S 4085 IS 5 e ) Aol

RR Juia¥) )5 SR Juayy) )& -]

Source description SDES Uit Ju je Jualds -2

Add Remove  4egaa m\d gz Alls aleai¥l 303 -3
.Membership

RTP Sessiond! e vaa application-defined APP i a5 -4

Say JiaS s RTCP Namespace-! J3a (s @lld U e it o (Say g
e Ldldia) Qb Al clilal) ae Jaldl RtcpListener Class 4 alasial
lali )S3 Al s Membershipd) <lilee 330 3 RTP Sessiondl JMa
Guall oy i Ay Jlai¥) 4%d Als o Glaglan aadi Load 5 Wil
RTCP J claainl oo 5T cilagles 48aY gy adil g (Jiially

.Conferencing- 4kl 3 )3 3 Protocol
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Ji 4l RTPJs Direct Soundd! ge Jaladll &l Juadl)
:Multicast VOIP Conferencing- dalaif P S guall

i ) Ay 8 Aaladind 2i€ g RTP) i e e bl Juadl) 6 caas
) Akd e Gpall Sl dape aUad Asay Bukaly s gtie o all a0 g
gy Bufferd) alsiy aSaily L asiins One-To-Many ie sexs
Delayd) Jdiil 43 aSadlly (o el s Jl ¥l ddl) didee (g Al )

AQ Aoy Je el Jl Y Alee A T ossH) s

: Ggall ga Jalail) L& DirectSound-) aladial oY gf

s Microsoft.DirectX- 4ilial (1 ¥ 5l Y DirectSound-) ae Jalail
* Referencesd ) Microsoft.DirectX.DirectSound Namespaces
st paxind Al g Classess! (» 2= Ao DirectSound) s sisag & g piall
Sl 5 a2l s Encoding) s daal) Jia Ly 85 G saally (Slaty Lo JS A

Al Classes! plasind s g 5 pdall 138 8 Liags Lay ) 5a) (1

e Jie Wave Formatd) Jualdi noatl aaiiun s 'WaveFormat
Jie axdiuddl  Modulationd) ¢ 55 5 2 5l 1 e Channels-)
SamplesPerSecond-) 2= s PCM-Pulse Code Modulation-!
dassd dglee 4 Clasladll o2 2035y BitsPerSampled) sac

A e el Sl Bifts ) A el I3

Bytes ! aaa naail aadiun s :CaptureBufferDescription
ALiildl WAVE Bits JuiiwY 5 SIAl 86 jas 2t (531 5 Buffer

pxdiun s Array Of Devices s :CaptureDevicesCollection
Gl g 4alaiall  Hardware Devices Infod! 48S gl )Y
L&l dlee 8 Lete aals paadl elal dalid) 45 geall z1 AYNJESY)
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s Al Devicesd! (e 2al 5 1aail aadiny 5 :DeviceInformation
GUID J &> s Cus CaptureDevicesCollection (» Leels )
bl Sound Driverdh (=&l Globally Unique Identifier

oo s ) Driver GUIDd 4 <=y :Capture
L&y  CaptureBufferd) & 4slasin¥ Devicelnformation
Bufferd) A 4i )35 5 & pall

G gpall Llall Adee e Jsuall Classd! 5 :CaptureBuffer
CaptureBufferDescription 4 41 )« 3 Bufferd) (& 4xay;
Gleslaall aa & seall Laliill dulee 12l Capture Object-) s Object
Aasall Buffer A1 (o8 4 a3 g 4l 5 ) yasll

Handler Notification Class s :BufferPositionNotify
Ars dshia A Bufferd) d s 5 2ic 3as0 Bvent 2858 a0itioy

Bufferd) (mae W das o) ) Bytesd) 2= 4 2asy5 :Notify
Bufferd) gadiS dime dpleay o s 53l Eventd! Trigger dee sl

A e

Sound Carddl was3 oy 4y aaiuall ik (8 addiian s :Device
Applicationd) Yl (nl s 4 Ty ade Cigall (e g (g2l
A Sy Gipeall e s dalle ke b dne dabaill aia (530

.CooperativeLevel Priority

Slo i I el Gl 8 aodiuas s :BufferDescription
oo Glaglea gla g wasil Methodsdls Properties) (i 4e sans
Lo Hdas (e 2 5l Bytesdl aaead A axdius ) Buffer)
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A A oay aadual B aa3%aw s :SecondaryBuffer
Bufferd) awsi Llee 123 Device Objects) sBufferDescription
Aassll Sound Deviced! (e 4a je 4384} &3 (e g

aladiuly crluaiall (e de gana ) Cigual) JAT aUST ol Ja) pa oLl
:RTP-s DirectSound-!

Jaladll st Al Classes-) (= Class JS pladiul e S ge 7 i Liad Leday
Liaa p Lgeaadial 3\,}3..35 oe ;j;l\ Y ‘“ﬁ e Direct Sound! ‘;A Le2a
sle A plady) Al Gl Adlaly o ) Ayl el Jal el (e Ao gena (S5

(3590 o Jyg) Jl i (g s S

Ot S e Gpall st kel Sound Cardd) ge Jaladll -]
: WAVE Format ) ge Jaladll

ai LS 5 Direct Sound-b “alall Classes! <y yzi Y1 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;

ea&iu%u‘éhﬂf;Otuuj(:ardJ\gja)ﬁﬂaﬂdckﬁﬁgejihaiyUNIUauym

public void SetVoiceDevices (System.Windows.Forms.Control
AppForm TypeThis)
{

// Use The Recommended settings For Sound Devices
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SetVoiceDevices (
0, // Device Number (First Device)
1, // Channels (2 if Stereo)

AppForm TypeThis, // Application Form Pointer
16, // BitsPerSample

22050); // SamplesPerSecond

}

public void SetVoiceDevices (int deviceID, short channels,
System.Windows.Forms.Control AppForm TypeThis, short
bitsPerSample, int samplesPerSecond)

{

// Installization Voice Devices

device = new Device(); // Sound Input Device
device.SetCooperativelLevel (AppForm TypeThis,
CooperativeLevel.Normal); // Set The Application Form and

Priority
CaptureDevicesCollection captureDeviceCollection = new
CaptureDevicesCollection(); // To Get Available Devices

(Input Sound Card)

DeviceInformation devicelInfo =
captureDeviceCollection[deviceID]; // Set Device Number
capture = new Capture (deviceInfo.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;

}
Tl neat] ¢ poall Ll Aalal) AU La) ) Ala )
Y

private void StartRecordAndSend() // Send Recorded Voice
{

captureBuffer = new

CaptureBuffer (captureBufferDescription, capture); // Set
Buffer Size,Voice Recording Format & Input Voice Device
SetBufferEvents(); // 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 0

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

//WaitHandle ("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 0

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 ? 0 : halfBuffer; // if
readFirstBufferPart set to true then set the offset to 0
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

}
}

8 padion J oY) Gl 5a ) Bufferd) e jai €3 s Buffering ) 302 -2
o Al )< Aalladl) dulaad s jugant] U 5 sl 3 puall (39 583 Aulec
R

protected void SetBufferEvents ()

{

// 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 is filled the data can be
used to send,

// while the second half of the buffer is 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 / 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)

1
catch (Exception) { }

}

s yall 028 G cdalidl hxaall Hules aladiuly alivdl Bufferd) hixas -3
o8 b Lyl eliSay s duuliall lapall 45y 5k a8 el -l jLalls
adbaria of 0 a3 Sie Bufferd e 4ixs Coding dalexs slall 4l yall
Congs @ saal dauliall il 5 Jazazall o) il Al 50 4ladl 8 Caa g oS
LaaY L kil st Al s QoS Quality Of Serverdl (e dadlagll

&V A e alluyly RTP Packet & Bufferingd) s -4
:Multicast RTP Session

&) sleai¥) ddaal RTP Protocold) aladiul 48K - il Wla Cud

(e 23 RTP Packetll Byte Data) adai 4848 @lIX 5 de gans
A el il e gledl

la a3 RTP Session ) alacai¥l a s (Jaisall) i) Caykall 8 -5
& lanll 028~ 0 &3 LS JLEiuY Sessiond! e Listening-l) dalee
RTP - 5 21w RTP Session (o alacai¥) sy 43l 3) G ¢ 3l
(e 3l 6l bl Juiial e liSaws o5 35 Session Event
A e &5 Bufferd) aread Wi ¢l aay 5 Ju jall

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) ;

}

dlee o) Y Buffer & Alitual Bytesdl aread oby Jusiny) ke 22y -6
bl Sound Device (e 4 je & (10 harall ol

private void PlayReceivedVoice (byte[] VoiceBuffer)

{

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

//Play it on the speaker device.

playbackBuffer = new

SecondaryBuffer (playbackBufferDescription, device);
playbackBuffer.Write (0, byteDecodedData, LockFlag.None);
// 0= is 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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Sy ABdNe g ASLEl de w85y Buffers) PEEN dulya NG
:Jitter Loss And Delay-&

38 Jalse Ao ol 4y 2Saill g Bufferd) aas clus 4088 ¢ all 13a 8 andis
33 42 Gl A

3 yall L) i e Juyall aeloy Bufferd) aaa 8 33651 of e Ly
OSI 8 ASs e ju e bl e S alaa) Jla ) 40iSa) il 5 Lol )
ol e aclug Gy o 3 B K3 LS

Frames- <lli sac 334 ) sy Jla,Y) <L Frames g s 41} 1Y)

5 b o) Jaiisal) dals s Frames) @lli apil S5 < 5 ) Qs yal) dalas ;S0
Delay-) s34 ) dlasdly s Frames-! ¢lli casi yisaleY ST Buffer

) dglae A Lgeadiuin Ay Clalliadl aal iy ety agiie 4ol &
:SetVoiceDevices Alall (8 @bl (s )2 Wppanaddy Liad Al s Buffer-)

da e 5 Ggeall Jinad LNA (e ohy Al Gl g6l 2ae ga 5 :Channels
FEEN a2l G 938l dae Caeliay g (ilis PRENI Stereod! eug.s ol JAsS
Lgaladiina) oty il o 58] aamy (o jaay 43 Gy Buffer)

3 e e A5 Sampling rate Ly e s :Sample Peer Second
Oine @ sd dad 4 Sampled) O <osymall (a5 2a) 5l 4L Samples
Jisni dolee seb Samplingd) Wis 2ase e 8 Adigall dasall (e
) Signaldl &l Jy sa3 Caxgs discrete signal ) continuous signal-!

EERIN

i Bitsdl 2= 45 bit depthdh 4= =5 : Bits Peer Sample
Wiy el ) bl sUaill o saa) s Wave Sample Jasail Leabiatia
S Buffer asa (l zlia¥) ol 35 @geall 3358 @il ) LS bitsd) axe o))
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JLsin g Jla Y Gllee < aalisig ng.ﬂ\ Bufferd FEEN lual 6]135\_1}

aalisin 3l Bufferdl aaad (5o asll 48 jea LiSay 24000 dalead) JDA (e g
Y Aee 12y

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

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

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.
saa) 5 406 0 3331 88200 Bytes o= J& ¥ Buffer () glisiu Wil ey 134
Oe Lsthall de yudl Claad s Mg Jla,Y) ol eal) dlee J8 Ogall (1
dae 3 Aielje lllia 5S35 13) 315 san ) Agll 5 Jlaiy) sl
G ghadll Baain adafle pe g el JSG Gigall Jpay AUl Chaasl)
Al
2 88200 Bytes Juu Y leabiaiu sl 5 Jaisall Frames 2ae cilua Y
-3aa 1) Al

(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

A2 Ul Framess) aas loa Lils
61 Frames X 40 Bytes = 2440 Bytes

48 el 1024 Ao Learndii § Bits () Lok a3l 8 Lgx puia g asdll Z8S pan WG
: KB L 4 sthaall de )

(88200 + 2240) (8) / 1024 = 706 K bit/Second
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O 82al 5 40l Jaid 706KD/S oo J8 Y de e 403 ) gl Ll ey 138
16 522050 Sampling Rate 5 Juail (88 :lial sa0 Wave Voiced!
& guall 33 521 Bits

elld s SetBufferEvents alall dainy Liad Jla )Y 5 Jasdll dolae 40l 3al g
oo al)l Gpall Jias (8 et J5Y) oila ) Bufferd) sl
o Ol oLl Ll Gl 3l g (L )Y) dalee (8 oot SN 5 55 Sl
Guay Cauaill ) Bufferd) s Jaay Laxie 31w J5¥) Notifications-!
el ) ailca) AL G geall (A8 Gaadall o jall o3l e 448 lay
s ) el B Ala iy Ju M aaid) Bufferd Ge U

Alaall ) Sl das (e 4didai 25 (e g Bufferd) Juw )

e dgn o A de e o dlld aaing s JloY) e Laad oSail) (S
vie Bufferd) del€ Jlu b G@ilad) Jiall 8 Lad 35 5 jal dga e Bufferd)
ITU 525 G.711 Jurall aladiuly adazia 22y &lld5 200 milliseconds JS
il (Sayg Gigeal diaradall baall juleas gas) (e aey 5 Standard
o i s el ) Wave Formatd) aas Jali Ll olld

I 1 ) e sl (S el 138 Jae A4S J g e sleal

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

http://www.codeproject.com/KB/security/g711audio.aspx
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TO Do (Documentations):

1- Reflector Service Documentation

2- RTP Video Streaming Documentation
3- G.711 Documentation

4- Quality of Service Documentation

5- VolP Encryption Documentation

Languages:

1- Arabic
2- English (Soon)

Project Link:
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