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= History of Voice Communications

= Telephony System
= VoIP System

= Codec

= Voice Call Type

= Fax & DTMF
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(Alexander Graham Bell, 1847 ~ 1922) (Elisha Gray, 1835 ~ 1901)
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OtEL|L &HEl =AlHl OIS X
(Antonio Santi Giuseppe Meucci, 1808 ~ 1889)
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History of Voice GCommunications



Voice '.._[ﬁ

*. PBX : Private Branch Exchange




PSTNOIl Al VoIlP 22 = &g}

PBX
/
Router/GW Router/GW
Toll Bypass

*. PBX : Private Branch eXchage
*. POTS : Plain Old Telephone System, & & 32t

*. PSTN : Public Switched Telephony Network, &= &3t W2t
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Toll BypassOil A IP Telephony& &l &t

Circuit/  PBX
Packet
&
outer/GW Router/GW
Toll Bypass
IP PBX IP PBX
= Packet [5=p4
ﬁ | | Switched -I
ﬁ | Router/GW Router/GW

End-to-End IP Telephony
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IP PBX

IP Phone

Voice malil

Fax Mall

Data
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IP TelephonyOfl Al Cloud Calling2 2 &l 3}

IP PBX IP PBX
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—r iy 33— E
E— RMW @ RMW | E

End-to-End IP Telephony

IP PBX

=
ﬁ——/_“ Internet g ] l .
(E Router/GW AOLE D1D|

Cloud Calling
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Cloud Calling
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What's the Next?

« M3t
« PBX

Eg=2
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Telephony System



E.164 =2 Al Al

CC AN LN SN
< >
Z|CH 16Xt
19964 12& 31¥d = J|=2 2 ITU-TE.164 D& &
XICH 12K2lE AtZ0t= BE.163 HACHY =) =4 3

=2 XA

CC (Country Code) : 2Jt 2 &

AN (
LN (
SN (

Area Number) : A& Bi1S
Local Number) : 285

Subscriber Number) : JI&



Ot =21 &3t

- MolBHsE dEote &4
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— DTMF (Dual Tone Multifrequency) : 2 e Fltx=2 =
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- Handset (0t0| 22t AUfH &
- Switch hook
° Hybrld Receiver

- Dialer
 Ringer

(2-to-4 wire converter)
- Sidetone (£3)

Balance
Network

Mot 2] 4

—

4 A1D|QF AT

Telephone

I 2-Wire

I Local

2-Wire
4-Wire
Hybrid

|

Loop .
Switch

Length

Comp. w Hook

E3?

Transmitter

ﬂ"':;""ﬂ

Dialing
(Pulse or Tone)

——————————————————————————
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Telephone
Company
Switch
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M 3| AFEH — On hook & Off-hook

On-Hook : =3}J|JI SN U=

annn
nnnn
0T

2Bl
A
Local Loop / G\? ’ Local Loop
=

—48 DC & & ( I S 2K & 3S)
Loop-Start Signaling EXS EXO
PBX &2t

Tip

=L: -

Ri ' 1

Gor | -48vpc| Ring

Battery

*. Local Loop : 2 & (tip & ring)0| H&EEH WaJ|It FEEE S 4



M 3D AEH — On hook & Off-hook

Off-Hook : =3} )| € = 2t

Dial Tone

E Local Loop

Loop-Start Signaling

& PBX
cC

b
=

[l

arA
< gu
o =

R i
rin oy
e S

s (f\f |
o Local Loop EEE
_48DC MO (H2J} 52
FXS FXO
PBX &3t
Tip
= IE =
Ring
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Mot )| 2tEH - Ringing

Ring-Back Tone

| Ringing Volt
DC Current o noing Forage
Local Loop A 4 Local Loop H
FXS - FXO
PBX &3]
.
Loop-Start Signaling C = 1

Rin y i
Gon. | 4gvpc| Ring
Battery

Tip

Ring

24



PBX2| Jl=

PBX
Call
Processing
Line
Connections
: Switching
Trunk J\
Connections DID
/ DOD
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*. Intermediate Switch (tandem switch) : W& J| =2 W &t)|




PBX2 &&=
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« Mot SIAFS] 2 LHR 0l | X

* Trunk to Trunk interface

Class 4 |+SS70rR2 AIJJEY SE M

« Call routing, 080, Calling card, etc

« M3t SIAS] & 0l X0l <X

» Trunk to Line / Line to Line interface

Class 5 « DTMF signaling (Dial Tone ) Ml &

« CallerID, Call waiting, Voice mail, E119, Billing, etc
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CO Trunk
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Foreign Exchange Trunk

Foreign Exchange Office

Station
Side

FXO

FXO

o) FE
PBXSl L& =0 A&

Foreign Exchange Station

FXS FXS

o
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HI8 Ul

J&
>
uin
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PBX to PBX Trunk : E&M

Earth and Magneto == Ear and Mouth

Trunk
Side /
E&M B of

- PBXZ PBXZ2H HZ&

. EE 2 M2 B4

«  Wink Start / Delay Start / Immediate Start
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Voice GatewayOll & & st CIH B 0| A =7
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CO
4 .
@ Switch
@ =
. CO
g g Switch
1o -

*. MDF : Main Distribution Frame
*. IDF : Intermediate Distribution Frame
*. CO : Central Office
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Echo : 2- to 4-Wire Conversion

CO ST
2-Wire
| local loop —
 —
2W-4w
Rx and Tx hybrid
superimposed —l
Shl PE
Ol2= 2wt 4wz HEHE [ 2l (A It = S== Floll 4w AIE)
2w-4w hybridOf| A S U|EH A 0| A X = 2 A4 sk,



Echo: &d3t2to| X|H

Talker ~ Listener

Talker echo Q—I

Listener echo

HERAD XNAO 2+ 0l 2 &4
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Echo : Echo Cancellation

Central Office

4 ot
> E/C
—- )
Echo Canceller Adaptive
Block Diagram Filter

—@
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IP Telephony 2| &2 A

PBX
Call :
Processing IP PBX
Line B o Aabiuidh w &
Connections
: Switching
S FTTvreees eereernerrneennns
Trunk
Connections
./ Voice Gateway
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PO
=2

N

| & 5101= 3-Port Switch |

—,

PC: IP Phone:
10.10.110.1 10.10.10.1
I/‘
£ EIP

= e

PC VLAN = 110
Subnet = 10.10.110.0 802.1Q/p

<:> Trunk

Voice VLAN = 10
Subnet = 10.10.10.0

=
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In-line power switch

15.4W

M PoE B PoE+
Cisco Catalyst 9200 Series Cisco Catalyst 9300 Series
=S ‘ =)
Cisco Catalyst 9400 Serles Cisco Catalyst 9500 Cisco Catalyst 9600 Cisco Catalyst 9800 Serles

Series Series
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48V DC Power 4
10/100/1000 UTP 10/100/100 UTP

|.
[0
Mo
>
O

otXl &= Switch& AtEdte 32

Inline Power XI& Patch Panel

48V DC Pd er

-,
]
-

10/100/1000 UTP E 10/100/100 UTP

48V DC Power -
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UPoE Powered ( \ / \
802.1AC Access Points COMpact switches n N “l ' Q{:. - m
VOIP Phones - S SR -
Andbiasts — ; . POE Displ | Network  pyac VAV
USB-C Touchscreen '$plays § UHD IP Cameras o - E
- Dongle PCs Ol""eh[“d
IOY

] T | . - - >
[ i 4 -
b LLH J . 88(1{)(? ‘ People
UPOE Powered Nurse call Readers

CBRS
Private LTE

Biometric counting

Compact Switches systems Door Locks  sensors
$

« |EEE 802.3af PoE (Power over Ethernet) 15.4 watts
 |EEE 802.3at PoE+ 30 watts

» Cisco UPOE (Universal Power over Ethernet) 60 watts
« |EEE 802.3bt UPOE+ 90watts

*. IEEE 802 : Institute of Electrical and Electronics Engineers®& J| & X} &3] 802 9 & 3l
2Hel SAYN SAIH ST EES EY

O L O
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AC Low Frequency Fast Link Pulse (FLP)

<
Reflected FLP

DC &=
<

Return Current (Resistive Detection)

-,

Ci&
<

2 M= DC Current (Classification)

Inline Power
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Cisco
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Switch

802.3af



Voice Gateway

« PSTN 2¥t IP 2= A= HE
- Otg=z1sd=IPi2lC=
- DSP= EdiADY 54 BHE

ElorTl1 22 &
E&QM = FXS to FXO2 o &

43

C

Of

|2

=

A CXE) a3

-

FXS ports 2 &




Voice Gateway

Cisco ISR 4300 & 4400 Series

DSP 2= T1/E1 20lA 2=



Voice Gateway Protocol

>

VolIP Signaling Telephony Signaling
H.323 Analog Signaling :
MGCP FXS/FXO/E&M
H.323 RAS Digital Signaling
SIP T1/E1 PRI

T1/E1 CAS
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CAS (Channel Associated Signaling)

Extended Super Frame

~_| Bit Frame
A 6th

P oad B 12th
& B =
Audio D 24th

Address Signaling Supervision  Address Signaling
(DTMF) On/Off Hook (Dial Pulse)

CAS Atdl : T1
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CCS (Common Channel Signaling)

E1

/Time Slot 1

/ Time Slot 17

|

Audio
Address
Signaling

(DTMF)

RN

&

Supervision  Address Signaling
On/Off-Hook (Dial Pulse)

CCS Atdl : ISDN PRI/ Q.SIG / SS7
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Voice Interface Card (VIC)

Foreign Exchange Office / Foreign Exchange Station

Station
Side

FXS

FXO

Earth and Magneto &== Ear and Mouth

Trunk ’%‘é-‘:f:;:;:?
B i

Side /
E&M B o)
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T1/E1 Trunk Cards

o mE TYE1 BE

1 2 E T1/E1
T1 PRI E1 PRI

B Channels 23 x 64 kb/s 30 x 64 kb/s
D Channels 1 x 64 kb/s 1 x 64 kb/s
Framing 8 kb/s 64 kb/s

8000 * 193(24*8+1) 8000 * 256(32*8)
Total Data Rate = 1.544 Mb/s = 2.048 Mb/s
Framing SF, ESF Multiframe
Line Coding AMI or B8ZS HDB3
Country North America, Japan Europe, Australia
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ISDN PRI Signaling

« |TU-T Recommendation Q.921

— LAPD (Link Access Procedure on the D channel
— Lay 2 ISDN Signaling Protocol
— Terminal Endpoint Identifier(TEl)

« |TU-T Recommendation Q.931
— Layer 3 ISDN Signaling protocol

- S &g 8 2 &2 4, 38 WE EL S
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Q.931 Signaling

Z (=< ==
B
Setup > Setup > Setup
< Call Proceeding < Call Proceeding < Call Proceeding
- Alerting - Alerting - Alerting
Connect
< Connect < Connect <
Connect Ack > Connect Ack

ISDN Q.931

H.225

51

ISDN Q.931




Q.931 Debug Output

*Mar 27 15:11:40.472: ISDN Se0/0:23 Q931: TX -> SETUP pd = 8 <callref = 0x0006
Bearer Capability i = 0x8090
Standard = CCITT
Transer Capability = Speech

Transfer Mode Circuit
Transfer Rate = 64 kbit/s
Channel ID i = 0xA98397
Exclusive, Channel 23
Calling Party Number i = 0x2181, 'XXXXXXXXXX'
Plan:ISDN, Type:National
Called Party Number i = 0x80, '"XXXXXXXXXXX'
Plan:Unknown, Type:Unknown
*Mar 27 15:11:40.556: ISDN Se0/0:23 Q931: RX <- CALL PROC pd = 8 callref
Channel ID i = 0xA98397

0x8006

Exclusive, Channel 23
*Mar 27 15:11:42.231: ISDN Se0/0:23 Q931: RX <- PROGRESS pd = 8 <callref = 0x8006
Progress Ind i = 0x8488 - In-band info or appropriate now available
*Mar 27 15:11:45.697: ISDN Se0/0:23 Q931: TX -> DISCONNECT pd = 8 callref = 0x0006
Cause 1 = 0x8090 - Normal call clearing
*Mar 27 15:11:45.733: ISDN Se0/0:23 Q931: RX <- RELEASE pd = 8 <callref = 0x8006
*Mar 27 15:11:45.757: ISDN Se0/0:23 Q931: TX -> RELEASE COMP pd = 8 callref = 0x0006
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Session Border Controller

IP to IP Gateway

\VolP VolP

Network

* Protocol Interworking

- H.323-to-SIP, SIP-to-SIP, H.323-to—H.323
« Topology Hiding (Address Hiding)
« VoIP AIE Xt A=

53






= 2t (Sampling)

tIII

Codec
PCM
64 kbps
Analog Audio Source Sampling Stage
LIOIIIAE HE25 F1+ &l
CIRNE 8N B 2 HEE Qe X2 2 AMSO x1) F0H=2| 2
|AtO| = AAUSH2HHOZ T2JE olH | AMSE SA5 E]E = UL}
fo = 2f

*x, PCM : Pulse Code Modulation
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2k X3t (Quantization)

Voltage + FHAS A
1=E 8,00022 Lt= 125us

Segment 2 . Ol A=
AN =T IS A=
Segment 1 -
Segment O

Time
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F 2 2t (Coding)

P dse] selse

. olarity, one bit ITU standards:

: G.721 rate: 32 kbps = (2 x 4 kHz) x 4 bits/sample
° gment, 3 bits G.723 rate: 24 kbps = (2 x 4 kHz) x 3 bits/sample
. Step, 4 bits G.726 rate: 16 kbps = (2 x 4 kHz) x 2 bits/sample

— i%%—» 100100111011001

57




Codec

DY =2 VolP OILIH AEEsS Het
Digital to Digital, Digital to Analog

— Analog to Digital ,

Codec Bandwidth Sample Packets Codec | Bandwidth Sample Packets
(Bytes) (Bytes)

G.711 64 kb/s 240 33 G.728 16 kb/s 80 13

G.711 64 kb/s 160 50 G.728 16 kb/s 40 25
G.726r32 | 32 kb/s 120 33 G.729 8 kb/s 40 25
G.726r32 | 32kb/s 80 50 G.729 8 kb/s 20 50
G.726r24 | 24 kb/s 80 25 G.723r63 | 6.3 kb/s 48 16
G.726r24 | 24 kb/s 60 33 G.723r63 | 6.3 kb/s 24 33
G.726r16 16 kb/s 80 25 G.723r53 | 5.3 kb/s 40 17
G.726r16 16 kb/s 40 50 G.723r53 | 5.3 kb/s 20 33
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Codec— R+ (HE =

Codec Bandwidth ?:;?:: orgst Codec Bandwidth ?:;?:S o4t
G.711 64 kb/s 240 79,467 G.728 16 kb/s 80 27,600
G.711 64 kb/s 160 87,200 G.728 16 kb/s 40 39,200
G.726r32 32 kb/s 120 47,467 G.729 8 kb/s 40 19,600
G.726r32 32 kb/s 80 55,200 G.729 8 kb/s 20 31,200
G.726r24 24 kb/s 80 41,400 G.723r63 6.3 kb/s 48 13,913
G.726r24 24 kb/s 60 47,200 G.723r63 6.3 kb/s 24 21,525
G.726r16 16 kb/s 80 27,600 G.723r53 5.3 kb/s 40 12,985
G.726r16 16 kb/s 40 39,200 G.723r53 5.3 kb/s 20 20,670
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MoS (Mean opinion Score )

Source Channel Simulation Impairment

© O If —\ Ii Codoc X i ﬂﬁﬂﬂg

||Score Quality Description of Impairment
5 Excellent Imperceptible
4 Good JUSt perCeptlb|e, nOt annoylng Lt :
3 Fair Perceptible and slightly annoying S — :
2 Poor Annoying but not objectionable 11213 4all5
1 Bad Very annoying and objectionable J J J J J

Source: A.M. Kondoz, Digital Speech Coding for Low Bit-Rate Communications Systems, 1995

« |TU-T Recommendation P.8000 &2l
o 2ABIPSTNS B AZH= 4.0
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Voice Quality

Codec Bit Rate g Xd Framing Size MOS bl
G.711 PCM 64 kbps 0.75 ms 0.125 4.10
G.726 ADPCM 32 kbps 1 ms 0.125 3.85
G.728 LD CELP 16 kbps 3-5ms 10 3.61
G.729 CS-ACELP 8 kbps 10 ms 10 3.92
G.729a | CS-ACELP 8 kbps 10 ms 10 3.90
G.723.1 MPMLQ 6.3 kbps 30 ms 30 3.90
G.723.1 ACELP 5.3 kbps 30 ms 30 3.80
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Quality

Opus Codec

Afullba nd stereo

fullband

super-wideband

wideband

MP3

} Z

bitrate (kb/s)

64 128

@ royalty-free, open-source
® free license, not open-source
@ licensing fees, not open-source

62

201243 RFC 6716
EAA

HD Voice

=<ZEl 8l

HOH SE



Voice Gall Type



Local Calls (Intraoffice Calls)

Dial “1001”

~ N

Q
1001

(Frame Relay, ATM, IP)
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On-Net Call (Interoffice Calls)

Dial “2001”
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Off-Net Call

Dial “9 3001” ﬁ ﬁ
W

Network
(Frame Relay, ATM, IP)
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Private Line Automatic Ringdown (PLAR)

f\\\

2001

/

/(/—T,

|T1 or E1

==

Network
(Frame Relay, ATM, IP)
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Tie-Line Type Connection (PBX to PBX)

=

@ Network @
(Frame Relay, ATM, IP) w

PBXOI HE=S ER7E M,
CIOIZE MOl Ze|HAE XS

olad
=3
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On-Net to Off-Net Call Rerouting

1. “1001"2 ol &

1001

Y
fuor
010

2. YIEHTo| 2| AAD} ol B2 oiAE 4 2

|

3. HIOIESQO0l= AIECZ PSTNOR 52 &A

un
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End-to-End Calls

Source Destination
a2 Tha A
- VN L0 s
o G e G — o
Originating Terminating
Gateway Gateway
I il il t |

Call Leg 1 Call Leg 2 Call Leg 3 Call Leg 4
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DTMF &8 &

 Qut-of-band
- ANDEY HAZZ DTMFE MY (H.3232] H.245, SIP INFO)

- HOIERIOINA =1t+=E Digitl= HetolH 85

* |n—band
=482 dYot= 0ICIH =22 DTMFE &

- oo= ¢t!'=0
—t ]

— Bypass 24! : DigitS RTPII AFZ0t= .z.f
— RFC 2833 : RTP 2!l OTMF2| Digitt 3J

'\

I

P S0
@/ 256 kb/ G.729 Codec B
256kb/

S eing Used S

72
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Fax over |IP

- VolP Z1c2l&s2 %
CIOIE! EcZ O A

. PACR BAS MY

CH5} = gh e

L O
— Fax relay : HOIESIOIN A ‘lﬁ
J\E

— Fax pass—through :
— Store and Forward :

RTP A&

uH/\% H_l.
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Fax Pass-Through

oTIooT G.711 64 Kbls G.711 64 Kb/s 0TI00T

1 Encoding Decoding 1

| . | 2y
o, ’

Analog Data Tunnelled
Analog Data Through 64 kb/s VolP Analog Data

0110011 0110011

e G.711 DG Al=
« VAD / Echo Cancellation HI & & 3}
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1.38 Fax Relay

0110011 DSP DSP 0110011
1 Demodulates Modulates 1

l 1

G

l Analog Data TCP= &5 Analog Data l

0110011 0110011

CIOIE 2! S




SIP T.38 Relay

G3 Fax T.38 T.38
Initiates the Call Gateway Gateway G3 Fax
“““\;;?Z"
1.30 VolIP Call T30
b > > | < >
CED Tone
DIS Message
g INVITE (T.38 in SDP)
>
200 OK
<
ACK
>
T.38 UDP Packets
‘ >
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