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Abstract

In a VoIP system which support the realtime audio service, speech quality is
deteriorated by the delay, the jitter, the loss, and the reversed packet order. In
this thesis, APBC for receiver site is proposed, which compensate the jitter by
the adaptive playout algorithm and conceal the packet loss, and align the
packet order. Also, a VoIP application system 1is implemented, and the
performance of APBC is verified on the implemented system by measuring the
processing speed and the speech quality.

In order to apply 'a-adaptive’ algorithm and 'jitter control procedure’ as the
adaptive playout algorithm, the structure and the control method of the
adaptive playout buffer is designed. Also, APBC is designed to detect the
reversed packet order and the loss of packet throughout RTP header parsing,
and to compensate that demage based,on playout buffer. APBC is implemented
with C language. By the result of simulation on PC using trace data, it is
confirmed that implemented APBC act well as designed; detect either silence
period or talkspurt, and adaptively estimate the playout delay of a talkspurt,
and write packet data received on the corresponding position of playout buffer.
Also, it is found out that packet data in playout buffer is obtain by APBC
read operation with the estimated playout delay. Embedded VoIP system is
designed and implemented for applying APBC. And then, call test of IP
Phone-to-IP Phone and IP Phone-to-Phone is performed. Finally, the
performances of APBC are measured by implemented system. From the result,

processing speed is 257 p sec, which is fast enough to deal with packet being

received in realtime. Also, the speech quality by MOS is improved as 18

percent compared with algorithm of fixed playout delay.
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Network P UDP RTP Network
header | header | header | header tailer

1 2 3
01234567 01234567 012345¢67012345°¢67
V=2 P |X CC M PT seguence number

timestamp

synchronization source (SSRC) identifier

contributing source (CSRC) identifier

Fig. 9. VoIP audio packet structure based on RTP
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Fig. 10. End-to-end delay in VoIP network
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1. a = 0.998002, increment = 0.0001, a, = o — increment

2. Calculate ted based on o and ted, based on «, using (5), (6) and
(7). Use ted, for actual playout.

3. lossl = Loss(L, a), loss2 = Loss(L, ay)
/* Loss(X, Y) calculates the loss based on o« = Y in the previous X

talkspurts */
4. if loss2 < lossl

if ay < ¢ then o = o — increment

if ay > «a then a, = a + increment
5. if loss2 > lossl

if ay < o then oy = o — increment

if &y > « then o, = o + increment

6. Repeat steps 3 to 5 every L talkspurt.

Fig. 6. Process of a-adaptive algorithm
A AAL o) S Fvig 2d2HY. A7AAM increment’ = o9 "S- 2
o WEs £ AA A W 2 AsE GE] wel and v 2

A7 €

3) A Ao AR
Boh F He T old Wzt B3 FA4 Aoz 9¥e 9 2o
G A AY ARYFES F 4 TH ALY B TR ok A AdL
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g v 2y oY@ dag e FPeR s H5 gite]l A9 )
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Sender Receiver

RTP packet

hd |vo

voice data [field

hd |voice data

hd |voice data

voice data |field

hd |voice data

Packet
in Talkspurt

voice data [field

voice data |field

Transfer packet Received packet
<info> <info>
— generated timestamp by transfer

- generated timestamp given by RTP
header

— arrived timestamp measured by
receiver system

- playout delay(playout time) determined
by receiver algorithm

<voice data> given by RTP data

system
(on timestamp field of RTP header)
- sequence number by protocol
(on corresponding field of RTP
header)
<voice data> on RTP data field

Fig. 7. Voice communication between a sender and a receiver
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Packet
Reception

RTP Header
Parsing

Talkspurt
/Silence Period

Detection
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k-th talkspurt silence (k+1)-th talkspurt
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Fig. 11. Totally compressed silence duration caused by playout delay adjustment algorithm
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Fig. 12. Process of playout buffer generation
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/* check status flag */
packet_interval=|current_sequence_number — previous_sequence_number|;
decision_wrap_around(packet_interval);
check_status_flag();
— status_flag = PACKET_NORMAL;
— status_flag = PACKET_AFTER_LOSS;
— status_flag PACKET_REVERSED:

/* decide whether this packet to be discarded or not */
it pf, > aj, )

status_flag = DISCARD_PACKET;

return;

/* write packet data to appropriate location of frame within playout buffer */
switch ( status_flag )
case PACKET_NORMAL :
/* write to current frame */
current_write_frame—>flag = PACKET_NORMAL;
current_write_frame—>sequence_number = current_seguence_number;
memcpy( current_write_frame—>voice_data, current_voice_data, 24 );
current_write_frame = current_write_frame—>next;
case PACKET_REVERSED :
/* search the appropriate location of frame */
frame = current_write_frame—->previous_frame;
for( i = 0; i < packet_interval+1; i++ )
frame = frame—>previous_frame;
if ( (current_sequence_number >= frame->sequence_number) &&
(frame->status_flag == PACKET_AFTER_LOSS) )
/* write to current frame */
frame—>status_flag = PACKET_NORMAL;
memcpy( frame—>voice_data, current_voice_data, 24 );
case PACKET_AFTER_LOSS :
/* check status_flag of lost frames */
for( i = 0; i < number_of_lost_frames; i++ )
current_write_frame—>flag = PACKET_LOSS;
current_write_frame—>sequence_number =
previous_sequence_number + i + 1;
current_write_frame—>data = 0x00;
current_write_frame = current_write_frame—>next;
/* write to current frame */
current_write_frame—>flag = PACKET_NORMAL;
current_write_frame—>sequence_number = current_seqguence_number:
memcpy( current_write_frame—>voice_data, current_voice_data, 24 );
current_write_frame = current_write_frame—>next;

Fig. 13. Pseudo code of writing on playout buffer
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Fig. 14. APBC read/write operation
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Fig. 16. Input trace data for simulation
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[ S8 "Fidtschool (0119 E B &= 2 (2004)%HAF

*3xd pyx number = 3
— original estimated playout delay = 208

— original estimated playout time
[comp_silence_durationl

45:57.638080

- playout time of previous packet = 45:57_58800808

- playout delay by tolerance = 265

— actual silence duration = 238

— tolerabhle zilence duration = 115

— estimated zilence duration = 5@

— zilence frames =1
Loonew plavout delay added by 7255248, ...l )
<AAA3-th> voicecomm_mode = FIRSTPACKET _OF_TALKSPURT

: packet numbers of previous talkspurt = 2

: current network delay = 1979 <(Bxch>

: estimated plavout delay = 248 (BxfA>

: generated tistamp = 45:57 4380008

: arrived timestamp = 45:57 6358080

estimated playout time = 45:57.678080

#3% FLAG_SILENCE_SET ¢

p—>f lag = FLAG_SILEMCE_SET
p—>*plavout time 45 :57.678088

p—*sequence numher b4l 2

p—*voice data =

[ABA] B0 AA BA AA BA AA BA A 9@ AP OA AB GAA
[Al6] G0 AA OO AA B0 AA B0 AA 0@ A OA AB OA
[A3Z2]1 G0 AA OO AA B0 AA OO A 0@ A OA AB OA
[A48]1 G0 AA OO AA OO AA OO A 0@ A OA BB OA
[Ae4] G0 AA OO AA OO AA BA AA

: buffer flag = FLAG_NORMAL
p—>f lag = FLAG_NORMAL
p—*playout time = 4L:57 678000
p—*sequence number = 64412

p—*uvoice data =

[BBB] a4 ?d 8e Je ab B4 17 df dc 8d e? 3IF 22
[B16]1 39 98 be 23 Bf e2 c4 ic 4c 4f 45 c8 %a
[B32] 4e BA Pe 9f 14 Pe 49 81 57 61 9c dd 47
[B48]1 a4 16 64 61 b2 57 8F 4d 68 B0 c? 6e aB
[B64]1 1if 67 B8 36 15 6d 15 ac

a3
£7
£9
a7

44
18
A3
34

bh
2f
88
54

Fig. 17. Monitoring of APBC operating simulation
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Table. 1. Input trace data

talkspurt acket number sequence generated timestamp
number | P number [hour:minute:;sec]
1 (session start) 1 64410 45:57:118000
1 2 64411 45:57:208000
2 1 64412 45:57:438000
2 2 64413 45:57:528000
2 3 64414 45:57:618000
Table 2. Simulation result
arrived estimated buffer estimated
talkspurt| packet seq timestamp playout frame playout time
number | number | number | [hour:minute: . delay [hour:minute: ;s
number
sec] [m sec] ec]
1 1 64410 | 45:57:318000 380 2 45:57:498000
1 2 64411 | 45:57:406000 380 1 45:57:588000
2 1 64412 | 45:57:635000 240 1 45:57:678000
2 2 64413 | 45:57:729000 240 1 45:57:768000
2 3 64414 | 45:57:818000 240 1 45:57:858000

APBC7} th& 3 #Zo] 23S &elgh A3 gholth. APBC= RTP ] &A%
o 9A YRS EAFer HEsta, 4 Edolx dolE (X Dot FUEH
oA A ks RSk, 4 54 g g A AdS 380 [mosecls}
240 [m sec]® FA3ATH we FAHE A AAdS AL A B zZyel F
=2 Aol g
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Table 3. Design parameters of embedded VoIP system

System Parameters Format Performance
. Intel XScale™
Microprocessor . 400Mhz
(ARM, 32bit)
Network Interface IEEE 802.3 Ethernet 10BASE-T
G.723.1 50MIPS fixed point
Speech Codec il
(OakDSPCore ) DSP core
SDRAM 64Mbyte
Memory
Flash memory 16Mbyte
Operating System embedded Linux kernel version - 2.4.18
VoIP Signalling Protocol H.323 version 2

2) 3t=9 74

Fig. 195 AA% WZE VolP A="e st=so] FAEE YEdT ol =
A &4 29 ZE3 o Wiy 2E, AEA dFHols BE, I IP T3t
o] BAE Hg olrul RE R FEET AR AH o] A= #29 LCDiquid
crystal display)®} PCe] COM X Ee°| AZHE & X E, 7| =(keypad) & T

Ak Zh Bl thek Alawle] mrey @

rlo
=
(e}

Do
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o
ol
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32
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Speech Codec

MIC/SPK

G.723.1 CODEC

A

Network Interface

\ 4

PHY | |CS8900 "] (XScale)

MPU

y

A

A
\ 4

Memory

flash
memory

DRAM

A A

\ 4 \ 4

User Interface

RS232C
LCD, Keypad

Fig. 19. Hardware structure of embedded VoIP system designed

OXFFFF_FFFF

0xA400_0000

0xA000_0000

0x1000_0000

0x0C00_0000

0x0800_0000

0x0400_0000

0x0000_0000

SDRAM BANK 0
(64MB)

SDRAM

Static Chip Select 3

Speech Codec

(64MB)
Static Chip Select 2 Keypad,
(64MB) LCD
Static Chip Select 1 Ethernet
(64MB) Controller
Static Chip Select 0 Flash
(64MB) Memory

Fig. 20. System memory map
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Fig. 212 vwielmamz Al et 54 319 te] A4 FAEE Yehda o &
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Aol FHE AAsta, =3 AT dHelHE dAFAY s5d HelHs 7ML
7] 918l 4HES] F4 #Qly) SHIE 9] HolH #lE dAgt IRQ AsE 4
sdlo] Fr|Aow FA4 AT A F, 553 A4S 45 it HAHEY. o]
of wel mlo]arEZRAAMNAE Y IRQEZFH Eo1es 4As
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i
oY
)
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ol
£
fr
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XScal Ccs3 f cs G. 723.1
cale  spom_rD » RD DSP
SROM_WR » WR
MPU IRQO |« IRQO CODEC
address[0:3] > addr[0:3]
data[0:7] | .| data[0:71]

Fig. 21. Connection between MPU and speech codec

Fig. 22 oA AAS FAE 93] #Zw" PCB(printed circuit board)E H
o] Fa1 gl

Fig. 22. Implemented PCB
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L. -~ User interface
Application — Device control APl (G.723.1, LCD, keypad..)

_— VolIP protocol stack (H.323/RTP)

— Device driver : G.7283.1, Ethernet, LCD, Keypad ...
— Linux kernel : 2.4.18

Embedded OS

I'?‘ """"" - Hardwareinitialization
— Executive file loading to memory

_37_



[ G.723.1 device driver J

Fig. 24. Structure of firmware associated VoIP communication
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Intern ‘ - ‘

| S R
< Remote PC >

Capture 3,pkt]

Edit Miew Capture Send Monitor Tools  Window Help

EEEIENEERIEE R .

et | Source Destination | Size | Absolute Time ? Protocol
12 : IP-203.... Ir-210... G820 18:49:54, 224R358 2 . 723
13 IP-203.... | IP-Z10... 82 % 18:49:54.274490 5,723
14: IP-203.... Ir-210... g8z 5 18:49: 54, 295380 EG.?ES
15 IP-203.... | IP-z10... 82 % 18:49:54.335230 5,723
le: IP-203.... Ir-210... g8z 5 18:49: 54, 364725 EG.?ES
17 IP-203.... | IP-zl0... 82 % 18:49:54.398821 5,723
18 : IP-203.... Ir-210... a2 5 lB:-’-lQ:E-’-l.-’-llBESEIEG.?ES

<Voice packets received on remote PC >

Fig. 25. Test of voice packet transfer in realtime by one way
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-phone network) Well AZAE Axdk M3} 7ke] F3R2 o]Fojd & Qv duH
o2 3 WA & IP Phone-to-IP P
Phone-to-Phone®] 212 %7]38}H, & A% sl 22 Fig. 26, Fig. 273 o] +

Hakel AHFES Fut.

hone© 2 ¥7]3km % wAle 74 IP
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Fig. 27. Speech test 2: IP Phone-to Phone
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BE e Aol sl £AAS) UDP 2Ae2RE &4 AAL F8
of APBC 2%om 7 doles A 54 Ag e, olo] wek APBC

E52 7|5S T3t ZHEd) dolHE AA W AFger) e 73 Al
do] 54 Z92 A o A zdd dolHE 7 7EA A EE
=

UOP Speech
Socket * wp trace > »Codec
Receive Read

Arrlved Time

Fig. 28. Connection of APBC block with implemented system

Fig. 29+ & Al="o|A9 APBC 8 £5& 343 WS Yerd Aol
T S5 257 [p sec]lz2 SAFAJL ol &4 F9o] w9 34 As A
AR 25 A Gew ol APBC/F AN Agel AgeA sHHe o
Qe & glvk,

(1) WHILE (there is a packet in a trace file)
(2) Fetch a packet;
(3) First checkpoint;
(4) Packet processing of the algorithm;
(5) Microsecond checkpoint;
Fig. 29. Measurement of APBC processing time

¥ 4% FES UAZE VoIP Al="e] 1A A A 948 AFE3F= Open

H323& A&3tds et APBC 7IWE A&stds wel st #4& gk A

[‘
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