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mMIn@wIAmNINIEIzas VoIP CODEC Tagni1sisgesanuzaslaan

Uiam lanlud™* uas v2s Ungmine

unAfLa

luihyuidiRaduuasiamlaian (CODEC) han
snunelasldduaandinmsmsiiuda (Compression
Algorithm) fAdheriusantly rlilawenudazaals
qmmwaﬁmﬁ'lﬂtmﬁ'u fanalnlamamaiamaiFes
sariuaslaian (CODEC Tandem) szwinalaianiia
Qmmmﬁmﬁe"hmn uaﬂmanﬁﬁqmmmﬁmﬁlga
anndanndy aanuisuaduisiaulednmuas
Aenzianudnlyldlumadivdpquamidsses
VoIP CODEC-G.723.1A lagldinafiamaSusdanuny
Tawandadufiduifonlfnulutsunuanuiiuay
(Narrow-band CODEC) 1283 OPUS @aiilulaian

ﬁ'ﬁmmmmmv.mnv.mﬂua:u"aagi'lun'nw”mwmae
Internet Engineering Task Force (IETF) 3nnmInaaad
Wui 1) Lw“a'lﬁ‘lﬁ'qmmmﬁmﬁﬁﬁqﬂﬁm%’u OPUS
fi1 Frame Size a2sldfidumauinnimsewinnu
20 Asddwdiduly 2) an'm-uaal.ﬁmﬁrhumn-u'q
WaML G723.1A Ageasadien s MOS iRuiu
Wadimndhmiadislaansfieduusiiasuis
OPUS rieu @sluyssanlaianyianua OPUS swnen
tﬁuqmmwmauﬁm‘lﬁu’mﬁqw

ardrAg: maSsdanuseslaen G723.1A, OPUS,
PESQ

L infnw amenaluladsssuing amInmnasmaluladwizsanindrouys

a

sasmaaasy annaluladasauwing swiingaomaluladnwszasunsouys

=t

q

* fiwusiszauan Inadwd 08-1808-3297 Siua: 54440343@st.sitkmutt.ac.th

| e a s w o -
| wda 7 punIwug 2556 aausiidie 25 Juray 2556 |

569




@

a ¥ 4 wod
mnvirmmeaaundwiianwie 06 23 a0 3 no. - 10, 255
The Journal of KMUTNE,, Vol 23, No. 3, Sep. - Dec. 2013

Quality Improvement of VoIP CODEC Using Tandem Technique

Pawitra Lokbow'* and Borworn Papasratorn’

Abstract

Variety of compression algorithms of each
VoIP CODEC makes the quality of the output files
different. As voices may need to be encoded multiple
times while being sent through multiple networks that
use different CODEC (so called CODEC tandem), there
is a possibility that the CODECs which provide low
voice quality may be used together with others that
provide much better voice quality. The main purposes
of this research are to analyze and seek improvement
in the quality of voices encoded using VoIP CODEC-

G.723.1A by tandeming with other famous Narrow-
band VoIP CODECs. As a comparison result, the
quality of voices is improved if voices were encoded
by tandem of codecs, compared to those encoded by
G.723.1A alone. Furthermore, OPUS CODEC which is
developed by Internet Engineering Task Force (IETF)
can deliver the most significant improvement among
all selected CODECs, especially with the frame size

of 20 ms. or above.
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1. uni
luﬂagﬂ‘mﬂﬂhhﬁ@‘fwmsﬁammaz
Im-ﬂumﬂuﬁ"rﬂ”ﬁﬁ’ﬂtﬁ'ujqﬂﬁﬁunfjw Tassne
Insauurnuluaurna (NGN-Next Generation
Network) ‘%dﬂlﬂ"lﬁ&ﬂﬂﬁ%:ﬂaﬂ&l‘ﬂNIﬂid‘Lf’lEJ
TnsaumaunslassineInsawiuuszlasedne
Insawidafadrnulassinodwnadiia (1] e
UTTRANInu8T9dU TayasunuFesnyy
uauzaen (Analog) inn@‘i’umaazgnuﬂm‘lﬂtﬂuﬁbga
a3 (Digital) unanuTMdunguiays (Packet)
wede LU danems ?fn’ﬁﬁhﬂﬁ'ﬂtﬂ%ﬁj’ﬂ“ﬂﬁ'ﬂﬁ
1u"n’a Fla'law (VoIP-Voice over Internet Protocol)
uﬂﬁeﬁtﬁmmnLﬁuﬁlﬂswwﬁuma{;ﬁﬂffuﬁ"lﬁ‘gn
g NeIsTUNMIREFTULLIINN9SS (Real Time
Voice Communication) §13%% ﬁ"ﬂ’ﬂﬁﬂﬂ”muafj’h‘lm‘id
Tumswaiwszuuileled Aoszuufinamndusiu
eIl TziugmANse M IsITayalW
Wultemidenlanieanudains (QoS-Quality-
of-Service) [2]
witsluihsofidnadanuuandrsvaadosan
dunmananfisafivanonis niednidunilednade
qmmw‘nau‘é’naﬁﬂm@nﬁlﬂummﬂmﬂfaHaa’m
uauzien (Analog) liiludaysdidvia (Digital) [3]
'luﬁﬁlgﬁ'uﬁfﬂmnﬁgnﬁ’ld‘fuunw&alﬁlﬁan‘l'ﬁ'\'l’m
NNy udasdmfisneusiam: Juaeuitluns
uﬂaﬁa:&a (Compression Algorithm) WasTadvaLFY
fuandrariu [41,[5] Tauanyndresdansmcyszin
(CODEC Attributes) Ussnaudip dausa (Bitrate)
uazuuudIariidasnisld (Require Bandwidth)
9 amwzadlawan (Quality) anududaulumadniva
(Complexity) uszfwisnmfitinanmadrve
(Delay) [61.[7] lasluudazlusunyutszynd
(Application) imaansnidanUiusnsaesyszinanit
ldlavondunisuaniUfen (Trade-off) T89udazaa
(U ERNIaLAY Quality 289 CODEC lalasms

udaisaussuuudiarifidasnsls udanududon
lumsidhmauszamidnafiieannindisia
asuduaudasiguny [6] Faluudazlassted
sndanlflaianiauininnanzay lunsdininng
EN‘ETSHNI.ﬁille’IuIﬂ'io'li'lEl!J‘Iﬂﬂ’J"mﬁ\'I.[ﬂTo‘ﬁ'mﬁi]:
ltiAamsSusdenuvaslaian (CODEC Tandem)
5‘1‘5\1m‘n‘%uwiﬂﬁ'uﬁmﬁwalﬁ'ﬂmmwmaotﬁmamm
(Quality Degradation) WavisfimathiauuLSesan
Afmstluudriusmududsulafinniilaen
faiug ﬁauhm@iaﬁ’wwﬁhuéﬁﬁﬂﬁqmmwmaa
\FO9aaRd [8].[9]

‘ muﬁuﬁﬂﬂLauamfw“mmﬂmmmﬁmﬁtﬁﬂ
nnmudadinlaen G.723.1A Fadulawnd
foulflunslidrwmfsaiesusouularselen
[10]-[12] Taslummasesfisuiienlditnind
wadssmslaanfidesnmasaunenudrseinun
hadadn G.723.1A Mt wanlannanesiie
finannasay \11u%a"uaﬂ'uﬁathﬁummmauﬁ'lﬂ
OPUS lufiiamilasan opUS ulaianfifianu
mm&nnmwmuua:gnwmnsni'his:ﬁuv:mn
#eyluawna afte 1uﬁaqﬁ'u'[m@n’nﬁmﬁu"aatﬂi1u
ITWININTIWAWID0Y Internet Engineering Task Force
(IETF) [13]

2. noufuazauwdssiifsadas
2.1 mydaanud@mnsnlumsiviuazdrloves
éﬁd (Perceptive QoS Evaluation)
mydanuemansalumsiuiiuasdhlavesidl
(Perceptive QoS Evaluation) a1ansnussean|diiu
2 35van < [21.[14] fe
Lamiagquainsesfoslasldiediduues
Fjﬁd (Subjective Methods) Lﬂuafﬂ’l‘iﬁﬂlﬁvﬁwwﬁ"}u
minaseuyauszNadsskhuszuyInsdwiiloled
uiafafugma e Fuefignaskwszuuiaidn
mumaIliasuun ﬂﬁﬂuﬁ‘ﬁmﬁm}mmwmaaLﬁuﬂﬂﬂ
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li3adsuesfilsiidufiiynfign fe Mean Opinion
Score (MOS) lagAfnmenasazdasdiiiumsany
ITU-T Rec. P.800[15] ﬁemmﬁu&lacﬂ:uuuﬁﬁﬁqﬁm
Insuunuaaslumse 1

= : =
A1579N 1 a1 MOS URSANTWUBILHEN

LU MOS AMNINYBIIRHY
5 Excellent - uamﬂuu
4 Good - fi
3 Fair - Wl
2 Poor - Mifl
I Bad - ugl

a = . L | - -
2. myingumnzsaisslasldiniesdensa
UABWITVBINDUWIADS (Objective Methods) M3i@

D e,

o o .ﬂ;ﬂ!‘ . L 0 B
mnwiReIaeITailTedfe 1 Tauazdn i
i o = e a = e
suni Waifisunumsiagmnwvaandoslasls

D 3 o

- e L)

L A‘ == G, B
ERRL L DRRPE mﬂmm‘utaoaaﬁﬂmm*mﬂqmmw
Wweslagldindasdoniatunaudtvasnauniaasin
e e - x
1asuanuiisuuniu [14]

2.2 nsiaqmamidnslaslddunanisues
AauAItAes PESQ (Perceptual Evaluation of
Speech Quality)

dumriagunwseadsslasmuiouiioy
(B9 uaty (Original Speech File) nuidpafinan
minvhlag Aimufiimaula (Degraded Speech File)
[16] Beuadwinldannisiaeindanmindafionn
FEnilsuazamuntnudssinduaananidudn MOS
dusumsfiuaaslilu [17]

2.3 CODEC
Tawanvimiilumsuasds agaauﬂmtﬁua Wy
- L3 -k B L A
u.au.:nan‘hJtﬂu'uagaﬂwaﬂmqmﬂuqmagﬂn

s lWuwdiadsn lawmnmndresianwoaralezd
(CODEC Attributes) 8¢ 4 Taysznaudas [61,[7]

« dasauazuundiarindasmsls

* aumwaaalaian

« anutugaulumativa

o dmssnaifiannmud s

esnuulasstrmdadsnfuuudiada
e ldnisudssdeyadoadasnisnisfuda
(Compression) Lﬁaawmmmmﬁﬂﬁﬁﬁmmﬂ-ﬁ‘
'lumﬁm}"agmﬁunfu LA I uRazd AL
AN INVBILTDY wrm:mmﬁtau&'w“wm'[ﬂmm:
ﬁ'ﬂaﬁ'ﬂ%“ﬁLﬁueﬁ'mu{ﬂmnfuuﬁﬁﬂmmwmmuﬁi
dWadamansadhlaanumang (Perception Quality)
maoiagmﬁmﬁgnﬁui’mm [18] irlhludleqgiud
Iﬂlﬂnﬁgna%"w‘i'fmﬁa'lﬁ'tﬁanl'ﬁ'a'mmnmv udaz
MdansmMslan m:uﬂau’:"ﬁ'lummﬁmm"aga Uae
dafideiFufiuandranu [4],[5] tmswnsaiden
Ususneastizdunaitldlaserdonmsusnildou
(Trade-off) vasudazaa [6] F9luudaslasedn
1&%11]‘5L{nwﬂ'i:qnefﬁ%nﬁﬂnl'ﬁ’[ﬂmnﬁ@lmﬁwh
ANZRY

Taandssansoutisdasmagasamnuiiiesiu
milsuaanidu 2 929 (Range) fia [4],[16]

* wouauduay (Narrowband-NB) &1wiu
I.'l‘l"ﬁﬁuﬂ‘fl'ﬂHﬂLﬁmiﬂﬂl‘ﬁ"ﬂﬂl.lﬂ:l.ﬁtl@l'ﬂadﬂ'ﬂ&lﬁlﬁm
(Sampling Rate) 8 kHz w3auuudiaridinin 4 kHz
AN ves Nyqust [9]

* waua2ufinde (Wideband-WB) #niu
Lﬁ"lw"m?'agaLii'm'[ﬂu'l’ﬁ'ﬂ'naja:tﬁummmmﬁtﬁm
16 kHz nIauuuaiayi 7 kHz

uamnm{'lunﬂﬁﬁﬁn’min?'aﬂmﬁmﬁqu
Tansthounnimitelassefasildifiannios
daruveslaan (CODEC Tandeming) nafidulaian
AUADINUURE/MTDANINY -ﬁeawﬁua'lﬁ'qnmwmm
\§898a&9 (Quality Degradation) [8],[9]
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Original speech

model

i
|
|
: Perceptual
|
]
|
|

Internal representation

I
|
of original !
|
|
]

|

Time
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Encoder

alignment

Delay estimatesdi

rep nd i Cogniti | Quality
i Model
the audible difference {PESG Score)
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Degraded speech

i

= a ad e
U0 1 pwmsmemanmIuasnnujign sdslas PESQ

2.3.1 OPUS CODEC

OPUS tﬂuTﬂmn‘r‘fagﬁzﬁinnﬁwwwuwaa
Internet Engineering Task Force (IETF) eiagfnn3374ia
P83 Mozilla Corporation I8 Skype Technologies
(Microsoft) lumsnsunauIznlaianaasdafe
SILK uas CELP vhldsmdusmunsnsasiumsldanu
I@asuduauauiuay (Narrowband Speech) 'l
aufisunuanufifinreann (Fullband Music) HlTw
mmmLﬁam}‘wmuﬁmﬁa"imﬁﬁuﬂawmﬁ’aqa
u.nu:é'an‘lﬂLﬂuﬂagaﬁﬁﬂ"ﬁ‘lé‘@fqud 6 Nladladadudi
(kbps) Taufis 510 Alaiadedun dawanumanin
ﬁﬁaémnd&mﬁﬁﬂﬁ IETF aslaasviamnlst OPUS
dulaeninaspuluewaa iasnaiusnansnsesiy
maldnuldsunsudszynddmiuiieina (Speech)
TaufiaFosunas (Music) [111,[19]

23.21ITU-TG.711

G.711 wiefifuu3uniwih PCM (Pulse Code
Modulation) fiasndulaaniugiuiign e
-ﬁ'wﬁawmmiﬁwmﬁﬁfauLm:'lﬁ‘ﬂnm—amﬁmﬁﬁaiw
ﬁﬁqmﬁmﬁwn’umﬁﬁuq dlasnnuundiariidasms
289 G.711 fie 64 kbps Inuamavhauses G711 4
2% fia p-law Algorithm ('im‘luam?mnmﬁaua::ﬁﬂu)
use A-law Algorithm (h‘iuujimm:uanmﬁamnﬁ
n§wA) [10]-[121,[201,121],[28]

233ITU-TG.723.1A

G.723.1A ulawanfiffasafidrunnues
gunsaden’sd 2 InuadaudssInualdsanasiia
@19N% A 5.3 kbps 19 Algebraic-Code-Excited
Linear-Prediction (ACELP) uas8naafa 6.3 kbps
14 Multipulse Maximum Likelihood Quantization
(MP-MLQ) Tafines G.723.1 fefliasafidnianin:
wazfivultlunisfugaifoorruiasednnlon
wdtflasnnmyinlwiatsadiudasmsnistusa
ﬁmn-ifuﬁﬂ‘lﬁ'ﬁmm-ﬁ'u*ﬁ'amaaﬁ'ﬂﬂﬂ?ﬁuﬁgmma
Widmisnannmadrsiadaudrsunn [10]-
[12],[20],[22]

234 1TU-T G.726

G.726 n%aﬁ'n%iawﬁoﬁa Adaptive Differential
Pulse-Codec Modulation-ADPCM #lfmuninifen
faisa'lady 4 upueunufia 16 kbps, 24 kbps,
32 kbps uaz 40 kbps usﬁﬁﬁnul-ﬁmumnﬁqﬂﬁa
32kbps Lﬁawmmsgmmmﬁuatﬁeunﬁumﬁq G.711
ualfuuudiariifusniafoaves G.711 [10)-[12),
(201,(23]

2.3.5ITU-T G.727

G.727 gnaﬁ"qw‘rumLﬁatﬂummmwaa
G.726 aavudsnaiidaisaliidon 4 uuuiswda [10]-
[12],[20],[24]
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- [ - - o
?"Ll“ 2 1‘“@\ﬂ“ﬂ"‘iWﬁﬂﬂLﬁﬁi&Wﬂiﬂ“ﬂ'\m@ﬂ'ﬂ\i

23.6ITU-T G.728

inaluladfildlu G.728 #o Low Delay Code
Excited  Linear Prediction LD-CELP dfaisatyvinfiu
16 kbps udqmmmﬁmmﬁ’ fslnaifiseny G.726
Bitrate 32 kbps [10]-[12],[201,[25]

2.3.7 ETSI SMG11-GSM Full Rate

GSM Full Rate (GSM-FR) niafinfenilsile
GSM 06.10 ﬁa‘lﬁ’hLﬂu'[mﬂnﬁﬁpj’l‘i'o'méﬁmumn
unlnyawrilliefia GSM uazdidaisavinny 13 kbps
[10]-{12],[20]) :

3. madsudsqaeniwidssass VoIP CODEC
TagnsSusdannzes CODEC
A e o -
lwfiasduraufiazSummeaaasthlawwnanynms
¥ e a = L - G - ol J L
Buedenu dndudssiimstaaioudsanelsidu
duatvlummesss NudimMsdIiausznaaTiE
L ] B - e a i ﬂl b -
mulaanudasdiissdforneuia lilunnsdnede
o 1 - R A ;
usziSpufisulunmmesasda 9 lluwnwissaivi

- 4
3.1 maasesidesia 1 lwmnaany
Py 4 =t a w o g &
ddudenlfifmduatungniardulas 1ITU
uszdaiiulilu Rec. ITU-T P.50 [26] \@paduariu

o 4 o T w A y
aansndguanifaiuaasluaisef 2 wdlisssn

PR o " f =
Tawanfidissaulagninagludrsunuanuiuauuas
- A‘l L - B [}
\@e9fidund (Input Signal) desaglugtuuy RAW
aanu fIepdslavnudsedygmiesan [26]

P G A -
Willnmanti@asuansluamaf 2
d A4 diaeqgoos & Ja

wsasflefifivulddmivdunauiife sox [27]
A = [ &
gaduldsunsuignWawrdulas Sourceforge uaz
wanzd@n v Flumsdiiunsds 9 nul§ss (Sound
Processing Programs)

J =l = L & o
@139 2 Wisuifisugmanymzaasndifsenn
ITU-T Rec. P.50 uazifpafilslumsmenss

B

AuAnLE mures | Aot

N naaoy
$mamdnefilslummases | 16 signals | 16 signals

American- American-
mn English English

" My 8 T 8
\NAITDINHA . .

B Wil 8 W 8
ANREIBUAVRINWAEEY | 16,000 kHz | 8,000 Hz
(Sampling Rate)

A IvE 16-bit linear | 16-bit linear
(Encoding Type) PCM PCM
JUupvedINg (File Type) | WAV RAW

3.2 p1sitsvanarnaasualReeaqalatan
BIAAL
- - e w oA @ '
issnmnewissatuiidasmsdumdiaunn
- d e X & e o a9 L P
Wuennamndu Sedaniufusfldnnduasud 3.1
" - o o a4
s InasaaNedIvawaznaamanlolaian
i o | ' as - - a s
uwdazdNpIdAsInauaIzUfl 3 waldidudr
= = ¥ ) i W A
Wisuifsuluiuaeude g 1 saldedlslumadnmia
uaznaaIwavas G711, G726, G727, G728 uaz GSM
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FeeUvmrmeaifuf
ilM;
o 1= 18 o '="_‘__|

Dudirsmmsunuiodindy
uafiilmernAusdalic:

I

| r Surlirnredadad
oLt o] s [ testutin

- - o o o)
31U 3 TuaaumITIRELILNaATHE? alaaian
URREAUNLIANALD

Full Rate gnﬁmmﬁulﬂu ITU uazgniaufiulilu Rec.
ITU-T G.191 [20] dw3u OPUS gniaufiv'|3lu IETF
RFC 6716 [19] nafimadanimimualisnanasgm
(Default Value) wazld'ldgsrhulassneass

PRINHINTHABUNTITITHALRE D BATHE
eatuaoudl 3.1 uaz 3.2 nAiGouiesud Tuaeu
golufemmasasldismadrmisuuuSoedeny
Fetumeuiininsoutheenldifiusassnuiia madhoia
usznaaIRmFsIazmMIIagmanasdslasls
PESQ ﬁaﬁuﬁm'ﬁ'muzﬁﬁ 4

B B L = 1 ")

3.3 MSNINARAZnaASHARBILULISBIRD W

& ¥ § s kg @
YuaaudumMIIINRIWSN ldanTunauf 3.1
a B L 1 J " 1]

wvhmadhsvanulawndna g fiagluwouthoves
Nuittalui ntwihahsvansingesdalaen
i o . o ey -
G.723.1A TﬂﬂﬂﬂmnngnLﬁanmwaﬁmmma'lﬂu
OPUS, G711, G726, G727, G728 uaz GSM Full Rate

3.4 myiaqmnmzavdslasly PESQ
myiaquanidsinszvhlasnisiadl PESQ
lasldvuaenuazaenrivaingnwandulas ITU uas

Uiilrereanianasinbt fa e 1T 0 181 sz B9 862 6116

| & s =
3UN 4 Tuaeun1 TV BNINLEDITBY VoIP
CODEC lasmsiSuedanuvaslatan

gniavfivlilu Ree. ITU-T P862 [16] wandnafildln
= -1
maSsuisudaai
8 A
- Reference Speech Lﬁmmﬁil'mmmﬂamﬂ 3.1
- -y a i
- Degraded Speech L&ENVINIWNITLUITHENIY
- a - d & as
laleniRssnidoauss (§uIRfUM T va
uuuissadenuvaslaian 2 ¢
o y o - v 4 e
aadradrdamnionldinu PESQ tWeda
AOANINLEEN pesq +8000 input_sound* output_sound*
= " ko
fiRoaszinn WAV PESQ 9:1hu 44-byte
- Ay vt a o
winfidw Header 1t uazazfiodn'laifl Header #wsu
“
Wduszanau

4. HANTINARDS
'lmmﬁi'm‘{'lﬂ"ﬁﬂmﬁﬂqmmwLﬁuamwmﬁ
" Aﬂ - & ool -
Frame Size 284 OPUS Aflinwiudaisalnaidoiny
. o 4 _a <
Pwandaavaslawninaspuinlinesss iuds
6, 7, 8, 10, 12, 13, 16, 24, 32, 40, 64 uaz 65 kbps
= A
Namnuﬁaalugﬂﬂ 3
o “ & 4
YN 5 uaasldiAuindamninseaio
n' J o . 1 e - oA oo ¥
\Wuduiile Frame Size lyiriu 20 af3wifindaganin
N aAa & i a_ as & W@
Uae Frame Size fidlvwiaadued 20 dadduivullv
y - W o N oa - o &
mqmmwl.auqmnmﬂumumn AIUUNINA8IN
= a = a4y e a e -
3914 Frame Size asfityinny 20 Jad3uni
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4 . ;
AT NN 3 FUMIANNENWUS 3¢ Order Polynomial

; ﬁ' Regession
i —= Fraid A1AUNTIIITNIWA | &3N3 3rd Polynomial dom
§ *% — - pur i wuuSeIRan Regression
- " G711 * G723/53 = -6.5103% + 62.015% - | 0.9034
a - 195.66x + 207 .87
‘e
. g G726 * G723/53 y = -6.786x° + 64.995x* - | 0.9004
206.04x + 219.52
° - —g—FB0
P T T T N T VIR R G727 * G723/53 y = -2.0669x" + 20.423x* - | 0.819
Birata 66.211x + 73.86
o s r I G728 *G723/53 |y = -3.9048x" + 37.698x" - | 0.9254
juin s ANNUNINUBIELY (MOS) 71 Frame Size 199 120.15x + 129.65
OPUS/12*G723/53 | y = -3.2788x" + 31.668x" - | 0.8446
039 100.95x + 109.56 .
036 —
= | OPUS/13 * G723/53 | y = -3.4671x + 33,171 - | 0.9159
o 104.76x + 112.55
=
Ew OPUS/16* G723/53 | y = -4.3888x* + 41,77x* - | 0.9015
Bon s 131.42x + 140.05
§'-" = i OPUS/32* G723/53 | y = -4.0241x° + 38.972x* - | 0.8372
iy | 124.72x + 135.35
i OPUS/40* G723/53 | y=x+ (-7.5644x + 72.55x* | 0.7697
. : | BN - 232.08x + 247.87)
arms OPUBY OPUSD  GTXE G oFus® G711 OPUSE CPUBL OMUSHI
—— OPUS/64 * GT23/53 | y = -2.6836x° + 26.11x? - | 0.8941
517 6 dradvamnmmFssArindwdadamit e
3 ARERMMNIRINITATWEBINITUIY  Tarivamosies |y = 422410 + 4239357 - [ 0.8824
I A L - 1
dafiasnudslaansfiasneg 140.84x + 158.49
G726 * G723/63 y = -1.8313x° + 19.408x - | 0.8942
. e 67.424x + 80.456
IINNVINARBIWLIN AMATWLRLIAY UL 03 5
e g o R G727 * G723/63 y = -6.181x* + 61.672x" - | 0.8912
maSusdanuuaslaen delaenfidaulddgmnn 203.93x + 226.98
o &
\Fuaindn fie G711, G726, G727, G728 usz OPUS | G728* G723/63 |y = -L7147x + 17.924x* - | 0.8428
. & 2 61.431x + 72.505
udluussanlawenyianua OPUS aanToiisamniw
e P a A OPUS/12* G723/63 | y = -4.2204x° + 42.786x* - | 0.9062
ﬂﬂdlﬂﬁﬂ@mﬁﬂﬂ?‘{ﬁ ANRRLVAIAUNTWLRLINEANY] 143.23x + 162.15
- a y ol s A
Wathmisuuudafasnudinlaansiiad9g ugas | OPUS/I3 *G723/63 | y = -3.5811%° + 36.183% - | 0.9161
=
114,31]1-1 6 120.85x + 136.96
19ad . . OPUS/16* GT23/63 | y = -4.0564x* + 40,94x* - | 0.8334
nammﬂam‘?’lmm TR naunwmmuaz 136.67x + 154.48
-l [ A G &
ﬂ‘mﬂ‘l'W&IE}Gtﬂﬁdﬂﬂﬁuﬂ']‘it"ﬂ'lﬂ‘iﬂﬂ‘]ﬂTﬂl@n‘n OPUS/32* G723/63 | y = -3.8352x7 + 38,7897 - | 0.8287
\Fovdeny G.723.1A lasldaunisanadunug 3¢ il it
- . o e we a  af * = o 3 2
Order Polynomial Regression Afi&uysz@ndnig OPUSHO™ QF26d [y ma (G £ 41110 | 05052
- 141.29x + 162.38)
A o - . . 2 R
aafuls (Coefficient of Determination-R )‘luuaﬂ OPUS/64 * G723/63 | y = -2.4876x5° + 25591 - | 0.8773

141 0.80 (8% OPUS 40) daugasluarsef 3

86.777x + 100.7
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dethamnensoifaamwidsslagldaums
anusunuslua e 3 1ou AR ILNINLFEI VDY
G.723.1A 6.3 kbps fia 3.5 (f1 X) I®nIainug
ﬂ"]f-}tumwLﬁﬂﬂ'ﬁs.iﬁ‘l@?’mn'lm"}'ﬁ'f%'meian“mma'[m@n
£¥%7314 OPUS 32 kbps uas G.723.1A 6.3 kbps (AN Y)
f18 -3.8352(3.5)" +38.789(3.5)* - 129.83(3.5) + 147.43
=3.75 Fasnnldidsurszansvssmaaagule whiy
0.8287 w3a 82.87% (Bash R? Funnivhladeuends
aruunglumsaumsanldidensnsoldend
gqmnﬁu}

5. andnanauazasy

muﬁé"ﬂaﬁ'uﬁﬁnmLﬁmn’“un’rsw“ﬂlmﬂmn-lw
vanduafithunntriadolaianaesdaliiian
gra'ﬁu{@:ﬂla'fmﬂfmm'iﬁﬂﬂmnﬁdéum@ia‘ﬁﬁ"mﬁﬁ"l
'umIﬂmnﬁmﬁaanmﬁmamwmﬁm PMMINARLI
wuii 1) Lﬁﬂlw“lﬁ'qmmwtﬁmﬁﬁﬁqméwﬁu OPUS
#1 Frame Size aasldfidvwraninniwmsaiinfiy
20 fadswAduly uas 2) \§gafidumagrsvadaas
lawanaa Sur‘m"ﬁﬁﬂm‘ﬂum‘mm 89 (uniiu GSM-FR)
umdseuaan G723.1A ﬁﬂ"\ﬂmn'\wmmaﬁmﬁﬁn'i'\
WewSsufisuiumsighswasae G723.1A i3
asaLdnn uauﬁmﬂ%‘nmﬁuuﬁw}mmwmauﬁmﬁ
wntwdedmadhmiasaslaende g Tradu wuh
Tuussanlatanvanua OPUS mmmtﬁuqtumw
mmtﬁuﬂﬁ'aﬂnﬂﬂszﬁnﬁmwﬁgﬂ ﬂ“’auamlugﬂﬁ 6
tﬂmaé'wfuamlﬁlﬁudmmmwmaatﬁuﬂﬂmaﬁu
Lﬁu"i{uﬁaﬁqﬂﬁa 10.4 wWefudlaoiszunm

L aRINTINIINHARNTVBIN TNARDINEN
Tﬂmnnnﬁ"aﬁﬁ?mﬁuQmmmﬁwum G723.1A 1in
fmduddimaudasafisnnnimaam sniumai
OPUS whanldnuisfiaidudaifenfianzaunned
m‘mﬁ@mtjuﬁmmmﬂ%’udwﬁmm‘lﬁaﬂwﬁmz Uaz
vamadrsiRuuGsdarulasls OPUS ewiues
uaﬂalﬁ's.ﬁwhmmsn'l.ﬁ'f;mmwxﬁmﬁﬁn’hn"m'ﬁﬁ

wampifidanudolaandadug Addausaring
fnene awuﬁi’uaﬁuﬁmﬁﬁ’aﬁm@h {fiessn OPUS
fienMITINAKYaY 2 8ana3fiu (Linear Prediction
W8z Modified Discrete Cosine Transform) #3a 2
Tatan (SILK waz CELT) vihlwidnefildanms
naATAsAE OPUS Decoder tumsvnaans e
970 SILK 728nU CELT waziimsUsuanuaszidoa
Woslimanzauluszniansinuzesdneasva
[19] Sarin ﬂmmmﬁmﬂ@"ﬁaﬁqmnnmﬁmﬁﬁnﬁ
Tawandadug uandoiludodhin G723.1A Al
88na37ix Linear Prediction indownudamanzaunin
Faug

Iﬂuqmmwmauﬁueﬁw”wmm‘rummmﬁﬂmzJ
1@ 1naun13IAUFUNKES 3% Order Polynomial
Regression aauaadlluasefi 3 sumsilaianansa
iinlfifeUsadiuemumuzaalumeilawnands
nulasmaniaviwelain mydenuveslawanaila
'l@'a]:'lﬁ'naé'wfﬁﬁﬁqﬂ wiolunsriilonsawsileazlai
due vdunstedsmdanaussanldinelums
nesguthmAetanmnmEsidumsliifeangeg
11 PESQ 'IﬂUﬁwﬁ‘lﬁ’mnm-sﬁ"lmmﬁﬁmwgne*faa
YNNI 80%

mu’?é’aﬁmmmﬁﬂﬂg’m‘iﬁnmLﬁutﬁu‘lut’%‘aa
28971131 OPUS m'ﬁmw“'wme;mmmﬁmﬁshu
mathmadelaendrdunenmilasin G.723.1A
usziilasan OPUS sansnsessumsleanuldaud
Hr9anufiuay (Narrow-band) lauflstraiivanss
(Music) Sarmwistilfsmansaily ijmiﬁnmrﬁ'u
Lﬁuﬁ’u'[ﬂmnﬁagﬂwﬁuumvmmﬁna"w (Wide-band)
wiaunuamuiiFoanas
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