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Outline of Presentation

� Certain pertinent aspects of Next Generation 
Networks (NGN)

� Network sync requirements: Transport and Service

� Sync requirements for supporting legacy services
� Voice-band modems
� Circuit emulation (DS1/E1)



Next Generation Networks

� ITU-T Workshop on Next Generation Networks 
(July 2003) concluded that (among other items):
� The architecture will be based on packet-switching as 

opposed to the legacy circuit-switched method.
� The network migration will be evolutionary and not 

complete overnight.
� All legacy services will be supported for several 

years.
� There will be a separation between transport plane and 

service plane (convergence).
� Services will be access agnostic.

Reference: Workshop presentations available from the ITU-T website.  Primarily: 
File = ngn_con_pp7.ppt (overall conclusion).



Convergence Issue:  Transport 
Sync versus Service Sync

� “TDM” requires sync (frequency) for transport data integrity
� Frequency offset “absorbed” by slip buffers (not error free)
� Physical layer capable of transferring a sync reference so delivery 

of sync reference to the end-points is “natural”

� “IP” may not require sync (frequency) to maintain transport 
data integrity
� frequency offset between network elements “absorbed” by jitter 

buffers; errors caused by overflow/underflow; minimized by over-
provisioning

� Physical layer may not need a sync reference to operate 
satisfactorily; delivery of sync to the end-points not “natural” 

� Supporting real-time services requires sync (frequency) at 
the conversion points (e.g. ADCs and DACs, C2P IWFs) 
(regardless of transport mechanisms)
� Common misconception is that since transport does not require it, 

sync is “not necessary” (overlooking requirement of service)



Telecom Synchronization

� Network synchronization plays a role in evolving telecom 
networks
� Circuit switched and packet switched
� Hybrid, packet over circuit, circuit over packet

� Synchronization supports
� Physical layer
� Synchronous services
� QoS/QoE

� Sync and timing distribution methods are evolving to meet 
the evolving requirements

� Telecom networks must be engineered to meet the most 
stringent synchronization and timing requirements for the 
services the network is designed to support

� Real-time (Telecom) services are guaranteed as opposed 
to best effort (five-9s and not two-9s!)



Voice-band Services need 
Synchronization

� Source/Destination : telephone, modem, facsimile 
machine, video-conferencing terminal

� Impact of Df :
� Eventually buffers will overflow/underflow
� Pitch Modification Effect (PME) (analogous to Doppler)
� G.822 end-to-end slip rate budget: < 5 slips in 24 hrs  (~7 ppb)
� Need Df < 1x10- 7 for modem/fax (under study)
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Primarily affects voice-band data (Fax, modem) and real-time video



T1: Voice and IP Data

Proof-of-Concept Retimer (DS1)
TS2700 as reference

Problem Symptom : Poor/dropped Fax; modem not connecting.

Problems resolved wi th retimer deployment

Apparently the Access Router did not use BITS



Modem Performance

� V-series requirements:
� Transmitter accuracy : better than 100 ppm
� Receiver acceptance : better than 100 ppm
� Margin M (if any) must accommodate Df

� Model for margin: G(x) = Prob(M>x) ~ erf(x)  [linear for small values 
of x]

Error function for small values of argument

0.00E+00

2.00E-03

4.00E-03

6.00E-03

8.00E-03

1.00E-02

1.20E-02

0.00E+00 2.00E-03 4.00E-03 6.00E-03 8.00E-03 1.00E-02

a

e
rf

(a
)

“Educated guess” : X% of modems 
have margin > 5 ppm [X = 95%? 
99%? Your_estimate_here]

With X=99%:
Accommodating 99.999% of 
modems � Df < 0.005 ppm (5 ppb)



Modem Performance

� “Typical” round-trip delay for V.90 : < 80 ms (40 ms one-way end-to-end)
� Delay components (see G.1020 Fig. 5):

� Packetization (20 ms typical)
� Network minimum delay : Tflat

� Packet delay variation : TPDV

� Jitter buffer size : TJB ; need TJB > TPDV

� Play-out buffer (Df accommodation): TDf

� Sum must be less than 40 ms (“typical”)

� Trade-off between jitter buffer and play-out buffer size
� For an 8 min call (~500 sec) play-out buffer size is

� ~5 ms if Df = 10 ppm (±5 ppm

� ~50 ms if Df = 100 ppb (±50 ppb)

� If Df is significant, call will be cut short because of packet loss (large play-
out buffer � small jitter buffer) OR because of buffer overflow/underflow 
(large jitter buffer � small play-out buffer) 



Circuit Emulation Services need 
Synchronization

� Jitter buffer size: large enough to accommodate greatest (expected) 
time-delay-variation introduced in packet network

� Key to Circuit Emulation :
� Make RX and TX clocks “equal” (G.823 and G.824)

� Wander requirements (RMTIE):
� G.824 (DS1) MTIE (24 hours)  <  18 msec (Df < 18 msec/86400sec ~ 21x10- 11)
� G.823 (E1) MTIE (1000)  < 18 msec ( Df < 18 msec/1000sec ~ 18x10- 9)

� M ost practical  way to meet the G.824 (and G.823) requi rements is to ensure 
that the Inter-Work ing Function (IWF) has PRC-traceable timing (1x10---- 11) 
(extension of  G.703 Central ized Clock concept)
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Impact of TDV on Timing Transfer: 
Theoretical Analysis
� Time-delay-variation (TDV) severely impacts wander and quality of 

frequency transfer
� Frequency-transfer accuracy highly dependent on time-delay-variation 

(TDV) (sTDV = Std. Dev.) and timing packet rate (= fA = 1/TA).  Theoretically 
(assuming TDV spectrum is white)(fP is loop cut-off frequency):
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Table: loop cut-off as function of performance, assumes 1 kHz packet rate (fA = 1 kHz) and ideal loop filter

Stratum 1 frequency accuracy (1 x 10 –11) is not practical with ACR



Packet Networks for supporting 
legacy services

� Asynchronous packet networks require network termination 
to deliver sync to Integrated Access Device (IAD) for 
support of legacy services

Packet Network
Network 

Termination
Network 

Termination

IAD
IAD

Access Method: Coax (“ cable” ), copper (xDSL), copper (E1/T1), Fiber

IAD “ Loop-times”
IAD “ Loop-times”

• FXS (ADC/DAC)
• CES IWF

Legacy terminal
• tel./FAX/Modem
• ISDN
• E1/T1

FREQUENCY OFFSET

Acceptable frequency offset:
• voice (with PLC) : ~64x10-6

• modem (FAX) : ~100x10-9

• Circuit Emulation : ~2x10---- 11

DTE DTE

Legacy terminal
• tel./FAX/Modem
• ISDN
• E1/T1

• FXS (ADC/DAC)
• CES IWF



Concluding Remarks

� Next Generation Networks will use a packet-
switched infrastructure

� Transport networks may be asynchronous
� Services may be stranded

� Voice-band modem support requires good 
synchronization at the end-points (A/D and D/A 
converters)

� Circuit Emulation requires good synchronization at 
the Inter-working Functions (IWFs)


