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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 seeck 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. UNA
1uﬂaﬁ;u”uLwﬂIuIaﬁ@i”mmi?}amma:
ImﬂumﬂuﬁﬂﬁaﬁnLﬁﬂzjqﬂﬁﬁﬂmh lasene
Insauuranluauina (NGN-Next Generation
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ﬁﬁ'mmw”\i'asaa%'umiﬁamnmunmﬁa (Real Time
Voice Communication) 69t waladAmattanils
Tunswamszuuileled fessuufinamduin
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1°ﬁ”ﬁmﬁﬁ'ﬂmadp§ﬂaﬁﬂuﬁﬁwﬁqﬂ fia Mean Opinion
Score (MOS) lagAtmInaaasazdasdiiinnnsany
ITU-T Rec. P.800[15] %aﬁwmﬁwaamuuuﬁﬁﬂaﬁad
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Speech Quality)

Lﬂumﬁ'ﬂqmmwmauﬁmimm‘nﬂ?ﬂmﬁw
\§o9fuay (Original Speech File) HuLfeafiiw
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[16] Fonaanifildanititendanuindatonn
SEnisuazannsnudassnnsuasnandudl MOS
dogumaniuaas 3l [17]

2.3 CODEC
Tatanyiwrinflunsul s DYRFUNIN LRELUD
LLauzﬁaﬂvLﬂLﬂuiagaﬁﬁﬂ”anmamflwgm]”agaﬁ
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LﬂTﬂiﬁaﬁagaLﬁmiﬂUmea:L’SﬂmaammﬁLﬁm
(Sampling Rate) 8 kHz WSauuudiariannii 4 kHz
AN =)Uad Nyqust [9]

s uauANAnIIg (Wideband-WB) §1%51
Lﬁﬂiﬁ'ﬁﬁagmﬁm‘[@ﬂ“ﬁﬂ'smazLﬁmmaammﬁlﬁm
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uaﬂmnﬁ‘tumrﬁﬁﬁmadaiagaLﬁmN'w,
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fanuvaslaian (CODEC Tandeming) nafidulaian
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2.3.1 OPUS CODEC

OPUS LﬂuIﬂL@ﬂﬁagszwj’mmiw”@ummad
Internet Engineering Task Force (IETF) 28anu323ia
283 Mozilla Corporation ez Skype Technologies
(Microsoft) lumsnaunaunizninalaianaaialfie
SILK uaz CELP vihl@aiuanansnsassunsbaam
l@asusununuiuay (Narrowband Speech) 'l
aufisunuanuafineunn (Fullband Music) ;E'Ifﬁmu
mmmLﬁaﬂfﬁwmuﬁ@@ia’?mﬁﬁuﬂaamm‘faga
LLauzﬁanvl,aJLﬂuﬁagaﬁﬁﬁavlﬁ@%Lm' 6 fladadaiwf
(kbps) lauds 510 Aladadaiwf sruanuaansn
ﬁﬁagjmnﬁmdﬁﬁﬂﬁ IETF aslaaswamnlt OPUS
dulawnainasmuluanen iasniusannsasiu
milgnuldsuniudzanddwiifoima (Speech)
luaudiafuawas (Music) [11],[19]

2.32ITU-TG.711

G.711 wiefifluwiSunniudn PCM (Pulse Code
Modulation) ﬁaiuﬂuim@ﬂvﬁugmﬁqﬂ a7y
sﬁusﬁamaamiﬁﬁmuﬁﬁaﬂLLa:qummﬁmﬁﬁah
ﬁﬁquimﬁwn”m”ﬁuﬂ ilasnnuuuiarndasms
289 G.711 fia 64 kbps lauansvinamused G.711 4
24375 fa p-law Algorithm (lﬁual,u'%n'lmﬁal,l,a:cﬁﬂu)
uaz A-law Algorithm (Wlmﬂsﬂuazuaﬂmﬁaamﬁ
&) [10]-[121,[20],[211,[28]

2.331TU-T G.723.1A

G.723.1A dulawanfiddasafidruinuas
gursadanle 2 Tnwadudazlnaalddanasiy
@19n% @a 5.3 kbps 15 Algebraic-Code-Excited
Linear-Prediction (ACELP) uaz@n@afa 6.3 kbps
e Multipulse Maximum Likelihood Quantization
(MP-MLQ) Todina1 G.723.1 fafifasafisnismans
wazhonldlunissudafuiduiaiotnelan
watitasanmsinldiasadindasnisnisiusa
ﬁmn*’fuﬁﬂﬁﬁmwu%’usﬁaumaaﬁaﬂa%ﬁuﬁgaﬁwa
Irfdnirananannmadnsvadawt1aun [10]-
[12],[20],[22]

2.341TU-T G.726

G.726 w3o8nTaniisfa Adaptive Differential
Pulse-Codec Modulation-ADPCM Q’lﬁmmsmﬁaﬂ
Jaisaldts 4 uuudlsnufa 16 kbps, 24 kbps,
32 kbps waz 40 kbps uafiisulfanuuiniigade
32 kbps LﬁaomﬂlﬁqmmwLﬁml,ﬁamﬁﬂmvi’] G.711
walfuundsaridosnIndorvas G711 [10]-[12],
[20],[23]

2.3.51TU-T G.727

G.727 Qna%uﬂfuml,ﬁ'mﬂummmmjaa
G.726 saiussnsfidasalidon 4 wuniwdn [10]-
[12],[20],[24]
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' = A o
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=
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U

val o a
lﬁuqmauum@aLLaﬂﬂumiwm 2

A A

A wn o § o, o & A A
wasfiangiuldmivruaeuiife sox [27]
A P o X
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A a A o & a
A157190 2 Lﬂiﬂumﬂuqmaﬂwm:maﬂWaLammn
ITU-T Rec. P.50 wazt&u9nlslunsnaass

. aenly

ATE N LS ITU-T P.50

: NAaag
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American- American-
mm English English

. T8 8 T8 8
LWAUDINNG R _

o A 8 AN 8
ANNRLBEATBIANWAEY | 16000 kHz | 8,000 Hz
(Sampling Rate)
eJ‘ﬁ‘ﬂ']iL"ﬁ”]i%wa 16-bit linear 16-bit linear
(Encoding Type) PCM PCM
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3.2 n1sLdIsvanaznansatdssalalatan
= Qs —~
WNEIALAED
Lﬁaammwu’i%’mﬁ‘uﬁﬁaamiﬁummqmm‘w
a A o 2 B8 o o A AN o & A
VRUINWAIWTY 3909t TN ld nTuaann 3.1
YIiNIINasa AR Rz DaaIREA 8 latan
1 Qs = Qs a g et dl lﬂ' V& Qs
LARzANBIaILAINaUGIFUN 3 vvalgiduan
& . A o A o o
wWisuiisulusuaaude 9 1 Ssldanlslunmadnsvia
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3.4 myinammwzasioelaaly PESQ
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lasldTuaauuszsanyiuringnasnaulas ITU uss
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u
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4. HANIINARDY
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a & 4 . . @ A Aaa A A '
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. Aa & ' A aa ak I
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=3 L% . nl' 1 [ A ana a
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Regression

A31911 3 FUNIANNENAUT 3 Order Polynomial

F1AUNITLINIAS

d3N19 3rd Polynomial

A1 R

WUULSBIADNT Regression

G711 * G723/53 y = -6.5103%> + 62.015x - | 0.9034
195.66x + 207.87

G726 * G723/53 y = -6.786x° + 64.995x> - | 0.9004
206.04x +219.52

G727 * G723/53 y = -2.0669x° + 20.423x* - | 0.819
66.211x + 73.86

G728 * G723/53 y = -3.9048x° + 37.698x" - | 0.9254
120.15x + 129.65

OPUS/12 * G723/53 | y = -3.2788x* + 31.668x - | 0.8446
100.95x + 109.56

OPUS/13 *G723/53 | y = -3.4671x* + 33.171x* - | 0.9159
104.76x + 112.55

OPUS/16* G723/53 | y = -4.3888x + 41.77x> - | 0.9015
131.42x + 140.05

OPUS/32 * G723/53 | y = -4.0241x° + 38.972x - | 0.8372
124.72x + 135.35

OPUS/40 * G723/53 | y = x + (-7.5644x + 72.55x | 0.7697
-232.08x + 247.87)

OPUS/64 * G723/53 | y = -2.6836x> + 26.11x* - | 0.8941
83.627x +91.65

G711 * G723/63 y = -4.2241% + 42.393x* - | 0.8824
140.84x + 158.49

G726 * G723/63 y = -1.8313x* + 19.408x> - | 0.8942
67.424x + 80.456

G727 * G723/63 y = -6.181x° + 61.672x> - | 0.8912
203.93x +226.98

G728 * G723/63 y = -1.7147x> + 17.924x* - | 0.8428
61.431x + 72.505

OPUS/12* G723/63 | y = -4.2294x* + 42.786x> - | 0.9062
143.23x + 162.15

OPUS/13 * G723/63 | y = -3.5811x* + 36.183x> - | 0.9161
120.85x + 136.96

OPUS/16* G723/63 | y = -4.0564x* + 40.94x> - | 0.8334
136.67x + 154.48

OPUS/32 * G723/63 | y = -3.8352x? + 38.789x - | 0.8287
129.83x + 147.43

OPUS/40 * G723/63 | y=x+(-3.9958x* +41.118x | 0.8422
- 141.29x + 162.38)

OPUS/64 * G723/63 | y = -2.4876x* + 25.591x> - | 0.8773

86.777x + 100.7
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