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ABSTRACT

BASIC ISSUES IN 
SYNCHRONOUS DIGITAL HIERARCHY NETWORKS 

by 

Jun Teng 

Advisor: Professor M. S. Obaidat

Frame synchronization, multiplexing and error detection are three basic issues in Syn­

chronous Digital Hierarchy (SDH) transmission networks. The relative techniques 

are required for meeting efficient and correct digital signal transmission in high speed 

digital communication networks. According to a group of ITU-T recommendations 

G.707, G.708 and G.709, this dissertation deals with research on the basic issues of 

frame synchronization, multiplexing and estimation of errored block detection for 

STM-1 system with a rate of 155.520 Mbits/s in SDH networks. In this framework, 

first, we present an entirely novel parallel processing-based frame synchronization 

system and analyze its performance. By using a parallel approach, we are able to 

process in SDH system at a rate of 19.44 MHZ. This means that all functions, such 

as descramble, section overhead monitoring, pointer processing, etc., are operated at 

byte rate after the framer. All of these functions must be done on a byte wide ba­

sis. Thus all operations are performed in parallel in an SDH processor. The scheme 

is expected to relax operating speed requirements and simplify complexity of the
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circuits used in the system. The proposed methodology can be implemented using 

off-the-shelf low-rate integrated circuits (ICs) without sacrificing performance. In 

the second part of this dissertation, we present a  method for multiplexing C-3 pay­

load in the STM-1 structure. Our technique eliminates signal rate variations, which 

occur in various multiplexing structures in the SDH networks, by using a buffer. 

Calculations related to the buffer capacity for C-3 payload are also presented. In the 

third part of the dissertation, we study bit interleave parity(BIP) code performance, 

find a close form to solve the probability of undetected error, and give a group of 

curves for estimating errored block rate. This work is based on the features of BIP 

code.

Although our study is based on the STM-1 frame structure, the proposed method­

ologies are expected to be efficient solutions for implementing other STM-N systems.
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Chapter 1 

INTRODUCTION

1.1 M otivation

Since the Plenary Assembly of the ITU-T1 adopted the I series of recommendations

dealing with the Integrated Services Digital Network (ISDN) matters in 1984, both

demand for a flexible network and progress in technology and system design have

led to the definition of the Asynchronous Transfer Mode(ATM) principle [1]. ATM

is a wide-bandwidth, low delay, packet-like switching and multiplexing technique.

Its concept is now accepted as the ultimate solution for the Broadband Integrated

Service Digital Network (B-ISDN) by ITU-T in which benefits to users and network

providers include: common user-network interface for accommodating various types

of traffic including voice, video and real-time data, signaling capabilities, service

1 ITU-T is the new name for the well-known International Consultative Committee for Telephone 

and Telegraph(CCITT) from 1993. Now it is a sector of the International Telecommunications 

Union(ITU), which is in charge of setting network standards for public telecommunication.
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integration, and provision of new and improved services [2]-[5].

Proposed as the B-ISDN interface structure, Synchronous Digital Hierarchy (SDH) 

was adopted by ITU-T as a  group of recommendations in 1993 [6]-[8]. It has the 

inherent flexibility to transport quite different types of signals like those through 

ISDN channels. ATM cells can also be carried in SDH frames as the SDH payload 

[3]. Since a basic frame of SDH is able to carry 261 x 9 =  2349 payload bytes, while 

each ATM cell contains 53 bytes, SDH provides some overhead bytes for pointing 

out the location of the first complete ATM cell in a SDH frame. All of the features 

in SDH construct a base for realizing information super-highway [9]. Such a user- 

network interface implementation would have the advantage of full compatibility 

with the network-node interface. This avoids the unnecessary conversion of signals 

that are sent from a user to others through the network. This property is extremely 

useful at the introductory phase of B-ISDN when a complete network infrastructure 

does not yet exist. Customers may easily be provided with access to a broadband 

network node(a cross-connect or a switch).

1.2 D evelopm ent From P D H  To SDH

Digital transmission networks in the public switched telephone network are designed 

in hierarchies of transmission rates, corresponding to increasing numbers of channels 

conveyed on a single multiplexed link. These hierarchies are defined in international
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Table 1.1: Plesiochronous Digital Hierarchy (PDH, in kbits/s)

Level US hierarchy European hierarchy

1 1,544 2,048

2 6,312 8,448

3 44,736 34,368

4 139,264

standards. They have experienced evolution from plesiochronous hierarchies to syn­

chronous ones.

The first hierarchies standardized were those for plesiochronous multiplexing [10]- 

[15]. Several distinct plesiochronous hierarchies simultaneously exist in different 

locations around the world. In Europe, the hierarchy is based on the 30-channel 2.048 

Mbits/s primary rate, while in the USA and Japan, it is based on the 24-channel 

1.544 Mbits/s primary rate. Some successive levels of multiplexing recommended by 

ITU-T are listed in Table 1.1.

PDH network gave its contribution to enhancing channel capacity, however, it has 

some limitations due to the fact that it is plesiochronous.

One of the limitations in PDH is its multiplexing method. In European hierarchy, 

for example, primary multiplexing to form the 2.048 Mbits/s signal is operated by 

interleaving 8-bit bytes from each of the 30 channels, and putting one byte from
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Tributary A
140 Mbps 140 Mbps

Node 2Node 1

2.048 Mbps

Figure 1.1: Add-Drop Application

each channel in a frame. The frame structure is identifiable within the bit stream 

with the presence of the frame synchronization code. Higher order multiplexing also 

uses single frame structure where bounded byte structure of the primary multiplexed 

signal is not retained at higher levels. Higher levels merely treat the signal to be an 

unstructured 2.048 Mbits/s bit stream. This multiplexing method has disadvantages 

in the PDH. For example, if we want to add or drop a channel on the half way from 

a 140 Mbits/s multiplexed signal between two major centers as shown in Figure 1.1, 

the only way to get access to the required channel is to completely demultiplex down 

to a primary rate signal and then re-multiplex to re-construct the higher signal as 

shown in Figure 1.2. This would significantly increase the cost of equipment at the 

relay stations.

Other limitations are (1) both ends of a link must be from the same supplier pre­

venting possibilities of re-configuring networks and interchanging links externally, 

and (2) there are too few overheads for supervisory and management.
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MUX
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Figure 1.2: Add-Drop in Tributary A

As a result, the synchronous transmission has been introduced to lift the limitations 

of the PDH, and to extract individual circuits from high capacity systems without 

having to demultiplex the whole system. In 1984, Bell Communication Research 

(Bellcore) introduced the concept of Synchronous Optical Networks [16], SONET 

that was adopted by American National Standards Institute(ANSI) as the first stan­

dard for a  synchronous hierarchy with many developments in the digital communica­

tion networks [3] [13] [17]. Based on the North American synchronous optical network 

and proposal devised by the International Telecommunications Union, ITU-T pro­

posed in 1988 a draft known as Synchronous Digital Hierarchy(SDH) for worldwide 

digital communication networks that became in 1993 a group of three recommenda­

tions G.707, G.708 and G.709 [6]-[8]. These recommendations define a number of 

basic transmission rates within the SDH. The first of these is the 155.520 Mbits/s, 

usually called Synchronous Transport Module Level 1 (STM-1). Higher synchronous
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Table 1.2: Synchronous Digital Hierarchy(SDH, in kbits/s)

Level Hierarchical bit rate

1 155,520

4 622,080

16 2,488,320

digital hierarchy bit rates shall be obtained by byte-interleaving N frame-aligned 

STM-ls to form STM-N signals so that the higher rate is exactly N  x 155.520 

Mbits/s. At present ITU-T recommends STM capacities for N=4 and N=16, see 

Table 1.2. Performance with higher N values is to be investigated. The recommen­

dations also define a multiplexing structure whereby an STM-1 signal can carry a 

number of lower signals as payload, including existing PDH signals.

Synchronous digital multiplexing and related synchronous digital hierarchy offer 

many advantages, such as:

- simplified multiplexing/demultiplexing techniques;

- direct access to lower speed tributaries, without multiplexing /demultiplexing the 

entire high speed signal;

- enhanced Operations Administration and Maintenance(OAM) capabilities;

- easy upgrade to higher bit rates in step with evolution of t r ansm ission technology;
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- allow the transportation of digital signals at hierarchical bit rates as specified in 

Recommendation G.702 and at broadband channel bit rates.

Because it is easy and flexible to handle various services in different bandwidths from 

64 Kbits/s to 150 Mbits/s or higher, the establishment .of SDH gives a  tremendous 

activation for wider researches and applications of the synchronous optical network 

technology worldwide [18]-[30]. Reference [31] discusses a ring architecture which 

uses the ATM virtual path concept to reduce the SONET ring cost in terms of band­

width management. In [32], two methods which are used for automatically tracing 

a network connection and gathering network configuration data in an SDH network 

are proposed. Liu et al [33] described some basic criteria for the type of Synchro­

nization Status Message within a  SONET network. References [34]-[41] introduced 

a lot of applications of SDH network in Europe. At the same time, global under­

sea communication networks, with high rate based on SDH broadband transport 

technologies, are currently under construction. The Transatlantic Telephone Cable 

Network (TAT-12 /  13) will connect North America and Europe [42]. The Fiberop­

tic Link Around the Globe Cable System (FLAG) will link 12 countries with over 

120,000 voice channels via 27,000 km [43]. The TPC-5 Cable Network (TPC-5 CN) 

will be the first self-healing trans-Pacific ring network which consists of a ring of un­

dersea cables connecting six network nodes at six cable landing sites [44]. The Asia 

Pacific Cable Network (APCN) will interconnect 9 Asia countries and areas. It is a 

regional undersea telecommunications network with an 11,500 km trunk and branch
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[45]. Using a  combination of wavelength-division multiplexing (WDM) and SDH 

multiplex and cross-connect equipment, the Africa Optical Network will encircle the 

entire continent of Africa with an undersea fiber optic ring network [46]. Future satel­

lite communication is also required to carry the ITU-T synchronous signal, either 

STM-1 or its integer multiples SDH signals. Such a digital satellite communication 

system with the ITU-T standardized interface will be feasible [47].

1.3 Interface Structure

1.3.1 Network Node Interface

Network node interface(NNI) specifications defined in Recommendation G.708 en­

able interconnection of synchronous digital network elements to transport payloads, 

including digital signals of the PDH defined in Recommendation G.702. Figure 1.3 

gives a possible network configuration to illustrate the location of NNI [7].

NNI introduces a new concept of Virtual Container(VC). It refers to a  limited set 

of payload structures that have specific size and structural relationship with each 

other and have the ability to carry several tributaries having different capacities 

and formats. This method makes it possible to multiplex, cross-connect, and switch 

various tributaries without their knowledge and contents. Furthermore, the VC 

“floats” within the NNI frame, so that the virtual container frame alignment is not 

required a t a  transit node. Hence, time delay at transit nodes could be minimized.
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NNI NNINNI

— TRT R -

TR—  SM

D X d A  "
Line/Radio
Systems

OXC Digital cross-connect equipment 
EA External access equipment 
SM Synchronous multiplexer 
TR Tributaries

Figure 1.3: NNI Locations in SDH Networks

1.3.2 User-Network Interface

The User-Network Interface (UNI) is the mean by which subscriber terminal equip­

ment, i.e., telephone, data terminal equipment, video coder, etc., access a higher 

serial bit stream. Such a user-network interface implementation can be fully com­

patible with the NNI. This compatibility avoids signal concersion which has to occur 

when user’s signals are transmitted via the network. In this application a framing 

chip and byte-wide first-in/first-out (FIFO) buffers provide the interface between 

transmission and reception equipment and the network. At the transmission end, 

the chip generates strobes to read data and control bytes from the FIFO to its par­

allel data input port and produces a properly framed data stream at its serial data
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output port. At the receiving end, the chip detects a framed data stream applied 

to its serial da ta  input port and presents the data bytes on its parallel data  output 

port to the FIFO along with the appropriate write strobes.

1.3.3 Plan of Work

According to the interface features above three aspects will be studied to develop 

SDH transmission network framework. The major objective is to propose a  new SDH 

frame synchronization scheme. Buffer capacity will be determined for SDH payloads 

multiplexing. Block errors in payload transmission will also be estimated.

1.4 Features

The advantages of the proposed frame synchronization approach, determination of 

buffer capacity and estimation of errored blocks are listed in the following.

•  Optimize the SDH frame synchronization scheme for high speed operation, pro­

vide the natural integration of demultiplexing and SDH frame synchronization 

detection functions, improve the receiving system performance, and reduce the 

system cost.

•  Avoid losing data within the gaped duration by using buffer. Calculation of 

the buffer capacity is simple.
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•  Simplify the estimation of errored blocks in transmission of different virtual 

containers.

1.5 O utline o f th e D issertation

In Chapter 2, after reviewing two traditional frame synchronization techniques-serial 

and parallel modes, we will propose a new parallel frame synchronization scheme for 

SDH network according to the byte-interleaving feature in SDH payload transmis­

sion. Performance with respect to parameters will be analyzed.

In Chapter 3, based on discussing SDH payload multiplexing features, we will present 

a buffer method to avoid information loss within the gapped duration and determine 

buffer capacity of SDH payload multiplexing. Buffer capacity table for multiplexing 

three C-3 payloads will be given.

Chapter 4 systematically describes Bit Interleaved Parity (BIP) code used for mon­

itoring errored blocks. In order to relieve the shortage of BIP which does not detect 

even numbers of errors, we need to consider the case where the error bits are dis­

tributed as even numbers. We will find a closed form for solving probability of 

undetected errors, estimate errored block rate of each virtual container in STM-1 

structure, and give a group of curves.

Finally, Chapter 5 will give conclusions to the dissertation and outline potential 

extensions and directions for further research.
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Chapter 2 

PARALLEL FRAME 
SYNCHRONIZATION SYSTEM

2.1 T he N eed  For Synchronization

SDH transmission network uses synchronous time division multiplexing technique. 

It involves thousands of communication public and private system switches, and re­

quires that all the transmission paths, which are connected to each of the digital 

switching nodes, must occur in intervals which start at the same moment. Each 

node must be able to reconstruct and reroute frames received in a reliable manner, 

and have access to sources that can report time in accurate 125 microsecond period, 

a basic time unit formed by the sampling rate of digital voice. To ensure that each 

multiplexing equipment is synchronized with other equipment in the network, syn­

chronization must exist a t three levels(i.e., bit, frame, and time slot) of transmission 

system. A brief explanation of each level is presented below.
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1. Bit synchronization is required for a  receiver exactly to restore the same bit 

sequence as the transmitter sent. It deals with physical layer and involves 

timing issues, such as: clock insertion and recovery, transmission line jitter, 

sampling windows in eye patterns, and intersymbol interference. These issues 

are addressed by placing requirements on the clock and the transport system, 

and by adhering to engineering rules such as maximum repeater spacing and 

number of repeater spans.

2. The frame timing level of synchronization refers to the need of the transmitter 

and receiver to achieve proper phase alignment so that the beginning and end 

of a group of bits can be identified. The frame, as in STM-1 signal of SDH, 

is a group of bits (19,440 bits) consisting of information data and overheads 

bytes. The STM-1 bit rate is 155.52 Mbits/s, the frame period is 125 /xsec. 

The time slots are distributed to particular circuit users. The frame synchro­

nization signal, which is encoded in the digital system and normally formed 

by a means of a specific combination of symbols, accomplishes the function of 

identifying the time slots so that they can be processed separately. Once frame 

synchronization state is determined, each time slot is identified and stored for 

processing. Loss of frame synchronization clearly renders the whole informa­

tion stream undecodable, and is therefore much more serious than the loss of 

the same proportion of information bits. The main issues at the frame syn­

chronization are synchronization incoming, reframe and frame synchronization
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holding [48] [49].

3. The network timing level deals with processing of time slots. The time slots 

are time-division multiplexed into an STM-1 frame by a  digital system located 

at a  source node and transported by a digital transmission system.

In this dissertation, we are only concerned about frame synchronization. References 

[50]-[54] have more details dealing with bit synchronization and network timing. 

After reviewing conventional frame synchronization approaches in the subsections 

below we will introduce the strategy of frame synchronization system in SDH trans­

mission network. Then based on the analysis of the frame synchronization code 

recommended by ITU-T, we will present our new parallel frame synchronization 

scheme.

2.2 R eview s o f E xisting Frame Synchronization  

System s

There are two basic traditional frame synchronization methods to be available for 

SDH transmission systems, namely, the high speed frame synchronization approach 

and the low speed frame synchronization approach [55]-[58]. Figures 2 .1  and 2.2 

illustrate the principles of the two approaches, respectively.
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2.2.1 High Speed Frame Synchronization Approach

For searching frame synchronization code, the high speed approach shown in Figure

2.1 uses detector which is made up of high speed circuit. A logic diagram of the 

detector is illustrated in Figure 2.3 [55].

In Figure 2.3, Data flow is input in series by clock into a shift register with eight 

bits wide and then data with byte wide becomes visible at the output. If the shifted 

bits match a predetermined frame synchronization code, a detecting pulse Fp with 

a bit wide will be produced and used for setting the clock divider circuit to a state 

decided in advance so that the outputs of the data buffer are properly synchro­

nized and demultiplexed. As shown in Figure 2.3, the input bit to the detector is 

changed once every bit, so the detector is operated at the line rate. This approach is
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suited for detecting bunched frame synchronization sequences. Its synchronization 

incoming time is fast and design is conceptually simple since the approach searches 

frame synchronization code in bit by bit way. However, just because the detector 

recognizes frame synchronization code from a high speed bit stream, the width of its 

frame synchronization pulse is too narrow. This means that all circuits of the frame 

synchronization system have to operate at the line rate and probably add stringent 

limitation on timing delay of demultiplexer operation. For the case of STM-1, the 

width Tb of each bit has only 6.4 ns. In order to complete a frame synchronization 

process within 6.4 ns, it is difficult to design frame synchronization system. We 

have to use high speed integrated circuits for the complete frame detection circuit 

in STM-1. It is more difficult to design the frame synchronization system of STM- 

N. Therefore the traditional high speed frame synchronization approach is not well 

adaptable for the SDH transmission networks with the rate of Gbits/s.

2.2.2 Low Speed Frame Synchronization Approach

In order to improve the performance of the line interface demultiplexer, frame syn­

chronization code detector could be implemented at low speed. An illustration of the 

low speed frame synchronization approach for SONET STS-N receiver is shown in 

Figure 2.2. In Figure 2.2, unlike the high speed frame synchronization approach in 

which output of the shift register is directly connected to the frame synchronization 

code detector, instead output of the shift register is indirectly connected to the frame
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synchronization code detector via a  latch. The latch transfers its data bits to the 

detector in parallel. This makes the detector output change one time every m bits, 

where m may be equal to the length of the frame synchronization code. Clearly, it 

could generate a wider frame detecting pulse than one in the low speed approach and 

allow to become less tight on timing delay requirement for successive circuits. Such 

an approach usually performs functions of both the high speed demultiplexing and 

low speed frame synchronization detection using two or more separate integrated cir­

cuit chips resulting in extra stiff timing requirement on the integrated circuits, their 

interfaces from different points. And it also increases in synchronization incoming 

time for the reasons described later in the next section.

2.2.3 Improved Low Speed Frame Synchronization Approach

Reference [56] presents an improved approach for SONET frame synchronization

system. Figure 2.4 shows a diagram of the system. In this approach, SONET 

frame synchronization is completed in two steps: the first step is byte alignment, 

and the second step is frame detection. A byte aligner is added to perform the byte 

alignment function by identifying the first byte of STS-N frame synchronization code. 

And a traditional parallel detector is used to perform frame synchronization detection 

function by identifying frame synchronization code. The advantage of the approach is 

that it gives the natural integration between SONET frame synchronization detection 

and demultiplexing. However, the addition of the byte aligner and its operation
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results in the probability, that any random data mimic the first byte of the frame 

synchronization code in the input data bit stream, increasing to 2 - 8  but not 2 ~ 24 

as described in [56]. Secondly, two 4-bit latches, which use respectively the different 

edges of the clock signal, introduce design complexity of the approach. Finally, the 

approach still does not overcome the shortage of long synchronization incoming time, 

and it can cause bigger loss in the information bits [57].

The traditional frame synchronization approach in a serial manner provides only a 

very narrow pulse as the frame synchronization signal for the successive circuits. 

This strategy imposes strict timing constraint on the related circuits which, in turn, 

leads to substantial increment in the frame system design complexity. On the other 

hand, the traditional parallel approach causes longer synchronization incoming time. 

According to the feature of byte-interleaving in SDH networks we propose a new SDH
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frame synchronization scheme which combines the advantages from the traditional 

approaches. It provides a wider frame detection pulse for consecutive circuits, has 

a shorter synchronization incoming time than that of the traditional approach, and 

provides the natural integration of demultiplexing and SDH frame synchronization 

detection functions. It can improve integral performance of the frame synchroniza­

tion system.

In the sections below we will describe strategy and implementation scheme for frame 

synchronization in SDH transmission networks.

2.3 SDH  Frame Synchronization Strategy

2.3.1 Two States in Frame Synchronization System

If there are not certain identifying patterns, a sequence of digital bits bearing in­

formation is not decodable. Most digital transmission systems count on the use of 

a specified digital sequence to correctly identify the information bits. The sequence 

is inserted at regular interval and generates temporal frame with fixed length for 

simple decoding at the destination. Such sequence is called a frame synchronization 

code or flag. A process of getting the frame synchronization code at the destination 

is called frame synchronization or frame alignment. The frame synchronization code 

can be inserted into a frame using one of the following two methods,
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1. Bundled method: in which the frame synchronization code occupies consecu­

tive digit time slots;

2 . Distributed method: in which the frame synchronization code occupies non- 

consecutive digit time slots.

SDH uses the bunched method and arranges a group of six bytes [7] described in 

formula (2 .1 ), in the STM-1  frame. These bytes are used for identifying the beginning 

and end of each transmitted frame and for the purpose of frame synchronization in 

the receiving system.

F  SC  — A.iA.\A.iA.2 -A.2 -A.2 (2-1)

For convenience, we first introduce two basic operating states which are used in 

the proposed parallel frame synchronization system: the in-frame state, and the 

detecting state.

Assume that the frame synchronization system is initially correct. That is, n bits of 

the received bit stream can be shifted into receiver register in which the first N bits 

are the frame synchronization code. A detector device is used to detect the frame 

synchronization code by checking whether there is a match between the preset frame 

synchronization code in the detector and the received N bits. If the match is correct, 

the next n-N bits are information data which will be transferred to a demultiplexer
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for further processing. Then the next n bits are shifted into the register and the 

process above is repeated. We call this operation, an in-frame state.

If the frame synchronization is lost because of some reasons that will be studied be­

low, the frame synchronization code will not appear in the expected location, and the 

information data will not be decoded correctly and transferred to the demultiplexer 

for processing. This causes the frame synchronization system to detect synchroniza­

tion code again. We define this operation a detecting state. Later we will analyze 

the performance of proposed parallel frame synchronization system using these two 

states.

2.3.2 Strategy of SDH Frame Synchronization

Like other ones, frame synchronization system of the SDH should be designed to 

deal with three major problems. They are as follows:

1 . Channel errors may corrupt the received frame synchronization code. If the 

frame synchronization system is in the in-frame state, these errors may cause 

a transition to the detecting state.

2 . Slips may result in a loss of bits or the addition of bits to the sequence. If 

the system is in the in-frame state, slips will result in repetitive errors in the 

frame synchronization code detector tests, and thus necessitate a  transition to 

the detecting state.
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3. Information data may happen to simulate the frame synchronization code. 

These will have no effect if the system is in the in-frame state. However, if it 

is in the detecting state, it may be caused to go into the in-frame state but, in 

fact, still remain out of synchronization.

Considering the states and problems above we use the frame synchronization strategy 

shown in Figure 2.5 for the SDH transmission system. If valid frame synchronization 

code are detected in consecutive STM-1  frames, the system will declare itself 

“in-frame” which indicates that the system is in frame synchronization state. Once 

the system is in the normal in-frame state, it will have to detect at least K i consec­
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utive invalid frame synchronization codes before it can declare itself “out of frame” . 

This is to ensure that the system will not experience frequent “misframes” , i.e., false 

out of frame due to the presence of line errors. Once in the out of frame state, a 

signal will start detecting new STM- 1  frames. In the subsections below, after review­

ing conventional frame synchronization approaches we will analyze characteristics of 

the frame synchronization code in the STM-1  frame. Based on the aforementioned 

strategy, we will present our new parallel frame synchronization scheme.

2.4 P roposed Parallel Frame Synchronous System

Although there are many traditional methods which can be used to design frame 

synchronization system of STM-1 , we find that there axe problems in these methods. 

The primary one is that the width of frame synchronization detection pulse is too 

narrow since frame synchronization system recognizes frame synchronization code 

from a high speed bit stream, which means that all circuits of frame synchronization 

system have to operate at the line rate. For the case of STM-1 , the width T  of each 

code bit has only 6.4 ns. In order to finish a process of frame alignment within 6.4 ns 

it is difficult to design a frame synchronization system. We are required to use high 

speed integrated circuits (ICs) for each part, such as ECL ICs, for implementing a 

synchronous recognizer, a synchronous check counter and a synchronous protection 

counter in STM-1 . It is even more difficult to design the frame synchronization 

system of STM-N.
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Figure 2 .6 : STM-1  Frame Structure

In this section, we first analyze the features of the STM-1 frame structure and frame 

synchronization code, then present our scheme based on them.

2.4.1 STM-1 Frame Structure

STM-l frame structure in SDH systems is shown in Figure 2.6. The frame has a 

byte-structure containing 9 rows x 270 columns byte size. The frame period equals 

125/zsec. The first 9 columns comprise the section overhead (SOH) and administra­

tive pointer(AU-PTR), the rest of the bytes are dedicated to path overhead(POH)
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and payload. SOH is used to realize main functions such as frame synchronization, 

error checking, data communication, protection switch control and maintenance. 

AU-PTR gives not only the offset in bytes between the pointer position and the first 

byte of the payloads but also the means of frequency justification. Payload area 

provides flexible size containers to carry payloads and virtual containers for various 

services. For example, it can perform payload mapping of ATM cells, each of which 

is a block with 53-byte fixed length. The frame is transmitted first from left to right, 

and then row by row. Various types of digital traffic are multiplexed to the frame 

in terms of byte size. In order to demultiplex correctly, each received frame must 

synchronize with frame boundaries.

2.4.2 Frame Synchronization Code Characteristics

As we know, a combination of random data may be the same as the required frame 

synchronization code and channel interference may distort the frame synchronization 

code. The former will lead to false synchronization, and the later will cause a leaky 

synchronization. The computing formulae for the false synchronization probability 

of Pps and the probability of leaky synchronization Pls axe given below:
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P l s  — 1 -  HI 
»=o

( \  
n

\  1 J

P\ - (1  -  Pe)n~ \ (2.3)

where Pe is the probability of channel bit error, n is the length of frame synchroniza­

tion code in unit bit, and we assume that the number of permissible errors in n-bit 

frame synchronization code transmitted through a channel is k.

When the number of permissible errors equals zero, i.e., k  =  0, then

P l s  =  1 -  (1 -  P e )n (2.4)

Table 2 .1  provides the values of Pcs and Pps for Pe =  10- 7  and n=0,8, . . .  ,48 

respectively. From Table 2.1 we learn that the value of n should be selected large, 

making the probability of any random data mimicking this 48 bit pattern equal 2~48, 

and ensuring short average reframe time and infrequent false frame synchronization 

for a Gbits/s SDH system. Table 2.1 also indicates that as n increases P^s increases 

and Pps decreases. One of the ways to solve this contradiction is to improve bit error 

rate of the transmission channels, which can be achieved by using optical fiber as 

the transmission medium. Since the optical fiber has many advantages such as large 

bandwidth, low loss, high transmission security, and vulnerability to electromagnetic 

interference, it has become one of the most important and attractive media for 

telecommunication networks. In fact, SDH is the standard for transmission over 

optical fiber medium.
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Table 2 .1 : Values of PLs  and P?s for n under P e =  10- 7

n P l s P f s

0 0 1

8 9.537 x 10- 7 3.906 x 10~ 3

16 1.901 x 10- 6 1.526 x 10~ 5

24 2.861 x 1 0 ~ 6 5.961 x 10~ 8

32 3.815 x 10~ 6 2.328 x lO" 10

40 4.768 x 10“ 6 9.095 x 10" 13

48 5.722 x 10~ 6 3.553 x 10" 15

Another way is to select the pattern and length of FSC suitable for both, Pps and 

Pl s -

Let us consider an overlap region where the system has slipped out of synchronization 

by only a small number of bits less than the frame synchronization code length n, 

i.e., part of the received bit stream contains both data and the frame synchronization 

code bits. For example, assume that synchronization is lost for the case where an 

8-bit pattern is being used by one bit slip. This is illustrated in Figure 2.7 for the 

case where the frame synchronization code is 11111111. In this case, it is easy for

false synchronization to occur when the adjacent data bit x\ or y\{ followed by the 

first or last 7 bits of the frame synchronization code ) is equal to 1 . The related
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probability of y\ or xi =  1, is 0.5. Clearly it is important to choose an optimal 

frame synchronization code in digital transmission system, especially in high speed 

system. References [59]-[61] give a detail discussion about how to choose a frame 

synchronization code. Here, we emphasize one of the most important rules, that the 

choice of frame synchronization code pattern should minimize the probability that 

the random data simulates a false frame synchronization code.

Formula (2.1) was used so that the probability of false frame synchronization by 

random data in the overlap region is zero for up to (n-1 ) time slips. In the design 

and performance analysis of the proposed parallel frame synchronization scheme we 

will use this feature.

As for the length of FSC it can be seen from Table 2 .1  that reducing n will decrease 

P l s  and increase P f s -  This means that synchronous state can not be established 

very quickly. It is important to consider the effects of P p s  and increase the values of 

n first in a way that it may not make channels efficiency too low. After considering
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the factors above, the n value of STM-1 is selected and it is equal to 48. Now the 

ratio of occupied channels related to n is:

V = ^  (2-5)

where B represents the number of bits in an STM-1 frame. When n =  48 and 

B  =  19440, r) = 0.25%. The value of 77 here is smaller than that for a rate of 139.264 

Mbits/s, a rate in ITU-T recommendation G. 751. It is clear that a larger n makes 

Pfs diminish and the time of incoming synchronous state shorter.

2.4.3 General Principle of PFSS

Once a group of frame synchronization code is selected and its arrangement is located 

in the frame structure, the performance of a frame synchronization system will be 

determined by a method of implementing frame synchronization.

Parallel processing has emerged as a key enabling technology not only in modern 

computers, but also in other fields [62]. In order to relax operating speed require­

ment for some circuits in the frame synchronization system and implement frame 

synchronization system of STM- 1  using low rate integrated circuits, we devise a  new 

parallel frame synchronization system. The concept of parallelism in a computer sys­

tem has been exploited to design a  scheme of parallel frame synchronization system 

for STM-1 transmission structure as shown in Figure 2.8. It is based on the byte
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Figure 2.8: Diagram of Parallel Frame Synchronization System 

multiplexing feature of ITU-T Recommendation G. 708.

In Figure 2.8, the bit synchronizer uses digital phase locked loop. It extracts clock 

signal =  155.520M H z) from 155.520 Mbits/s serial input bit stream. By using 

/&, the timer system generates bit clock pulse / a with a frequency of 155.520 MHz, 

byte clock pulse f p with a frequency of 19.44MHz, and frame clock pulse Fs with 

frame repetition frequency of 8KHz. Once an identical frame synchronization code 

with formula (2.1) is detected, Parallel Frame Pattern Detecting Axray(PFPDA) of 

FSC in PFSS will produce a frame synchronization pulse Fp with the width of 8T(to 

be discussed below) making the rest of the circuits operate at a rate of | / a. Syn­

chronous check counter in the Synchronous Check and Protection unit(SCP) begins 

to record the number of Fp pulses, if it gets Ki times in succession which is referred 

to as synchronous checking parameter and set to avoid the false synchronous phe­
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nomenon to a certain extent. Then the counter in the Synchronization Check and 

Protection unit sends a signal Se to the Synchronous Indication unit(SI), and the 

frame synchronization system enters frame synchronization state. The synchroniza­

tion indication signal, together with the output from Gj which is generated by frame 

synchronization code, enables Channel Selecting Logical Array(CSLA) to produce 

Cj{j from 1 to 8). Cj  opens a proper data output channel of Data Output Ar- 

ray(DOA) and allows data in byte between Li and L15 of the parallel frame pattern 

detecting array to be demultiplexed correctly. If the frame synchronization system 

worked in synchronization state fails to get a Fp pulse on the location of the frame 

synchronization code, the synchronous protection counter in the Synchronous Check 

and Protection unit starts counting instantly. When the counted number of the 

counter exceeds K 2, which is referred to as synchronous protection threshold and set 

to avoid the leaky synchronous phenomenon, frame synchronization system begins 

the reframe process.

Our scheme differs significantly from the traditional approaches in detecting frame 

synchronization code, channel controlling unit, and data output unit. We will explain 

their main concepts in the following subsections.

2.4.4 Parallel Frame Pattern Detecting Array

A block diagram of the Parallel Frame Pattern Detecting Array is shown in Figure 

2.9. Input bits at rate of 155.520 Mbits/s are shifted by f 3 bit by bit to a Serial-In,

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



33

155-520 Mb/s STM-1 
Serial Bit Stream

Gs
m

O)
48
49
50

52
53
54

CP 55

S  52 

Cs 55 ikTimer System

155.520 Mhz 

Bit Synchronizer

Figure 2.9: Parallel Frame Pattern Detecting Array

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



34

Parallel-Out(SIPO) shift register. Fifty five output lines of the SIPO are connected 

to a 55-bit Lock Register(LR) in parallel. When byte clock signal / p( /p =  

enables LR, the data from Serial/Parallel Shift Register are fed in parallel to the 

lock register once every eight times of T (T  =  jr). Fifty five output lines of the 

lock register are connected to a  group of detectors (Frame Pattern Detecting Array) 

of frame synchronization code every one bit, i.e., the detecting array G. There are 

eight detectors in G (Gj as shown in Figure 2.9, where j=l,2,...,8) because one byte 

consists of 8 bits. Each detector contains 48 inputs. Their connections with the 

Lock Register are shown in Table 2.2. In each detector a comparator is built in 

to check the frame synchronization code in formula (2.1). The comparator accepts 

48 bits in parallel from the lock register that are compared with the pattern in 

formula (2.1) and produces an output signal, Gj. Connections of the detecting array 

to the fifty five-bit register are to ensure that the detecting array can detect the 

frame synchronization code in the worst case when the code slips the register up to 

seven-bit positions.

In consideration of selecting the pattern in formula (2.1), it is known that when 

the frame synchronization code is in the mid of an area of (3n-2) bits long, it is 

not possible for the frame synchronization code to present twice or more within the 

area. Thus, if a frame synchronization code included in the 55 bit codes is shifted 

every time, there is only one detector of the array which can respond to input and 

there are no outputs in the rest. If all outputs in Gj are equal to ‘I ’ then Fp = T ’
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Table 2.2: Connections between PFPDA and LR

Gi Bits from Lock Register

G x L\  — Z-4g

Gi L2  — L 4 9

Gz Lz — Lso

Ga La — L 51

Gz Lz — Lzz

G$ Lz — Lzz

G7 L7 — Lza

G$ t-* 00 1 t-i a
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which represents that no frame synchronization code is detected by the parallel frame 

detecting array and no negative pulse is generated in F. The frame synchronization 

system will continue searching for frame synchronization code. If one of the G /s  

detects frame synchronization code, <?6 for example, then G6 = ‘0’, Gj — V{j #  6), 

output of F equals to zero represented by a negative pulse Fp. This pulse is delivered 

to the synchronous check counter in the synchronization checking and protection unit 

for further processing. Because the data in the lock register change once every byte, 

the width of Fp in the output of F will hold for 8 x T, eight times longer than that 

of conventional methods. Fp makes the synchronization checking and protection 

unit enter checking mode. When the value of the counter in the synchronization 

checking and protection unit equals K\, the check parameter being preset according 

to the design requirement, synchronization checking and protection unit sends a 

signal to synchronization indication, thus frame synchronization system enters the 

synchronous state.

The system realizes a trade-off between time and space by increasing the number 

of the detecting channels of the frame synchronization code. Comparing to the im­

proved approach our scheme has two advantages. One of them is that the speed 

of incoming frame synchronization code ( we will analyze it in coming section ) in 

the new parallel frame synchronization system is higher than the traditional par­

allel mode in [56]. In [56] one byte is checked by detector at a time. If one bit 

position in frame synchronization code is slipped by the detector, it has to wait
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one frame time for next checking. This process will be repeated until the byte of 

the frame synchronization code exactly occurs in the detector. However, the new 

scheme could not miss the frame synchronization code even under the condition that 

up to seven-bit positions are slipped by the detecting array since the scheme uses 

fifty five-bit wide register in the detecting array. The other one is that the parallel 

frame pattern detecting array generates wider frame synchronization pulse than the 

conventional approach. It reduces the requirement of the rate of the successive cir­

cuits to one-eighth of the traditional method, and creates possibility for using lower 

speed integrated circuits in order to demultiplex the information data bits from high 

speed bit stream.

2.4.5 Channel Selecting Logical Array (CSLA)

The Gj signals in the Parallel Frame Pattern Detecting Array are used to generate 

both Fp signal (see Figure 2.8) and Cj channel selecting signals in the Channel 

Selecting Logical Array (see Figure 2.10). Channel Selecting Logical Array consists 

of 8 units with identical structure. The structures of the channel selecting logical 

array and subunit are shown in Figures 2.10 (a) and 2.10 (b), respectively.

Let’s take j  =  6 as an example, as shown in Figure 2.10 (b), to explain the basic 

operation of the channel selecting logical array. From the Detector, G6 is connected 

to an input of a D flip-flop. If Ge = ‘0’ and the clock input Fs is enabled, Qe = ‘0’ 

and forces the NAND gate Y6  to be T .  When S  = ‘1’, meaning that the frame
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Figure 2.10: Diagram of Channel Selecting Logical Array

synchronization system is in the synchronization state, then C$ = ‘0’ which in turn 

enables the 6 th data  register of the Data Output Array. If Gq is asserted(G6 = ‘1’) 

K 2  times and S signal is deactivated(S =  0) then C$ = ‘0’, the 6 th data register of 

the Data Output Array will be blocked and the frame synchronization system will 

leave the synchronization state.

2.4.6 Data Output Array (DOA)

The structure of the data output array is shown in Figure 2.11. Eight tri-state data 

registers Dj(j from 1 to 8), each one contains 8 bit inputs and 8 bit outputs, are 

connected to the outputs of the lock register from the 1st bit to the 15tA. We still
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take j  =  6 as an example to describe the operating principle of the data output array. 

As we know, if G$ = ‘0’ and S  = ‘1’, the output of C& equals ‘O’. When G$ = ‘0’, after 

shifting 8 bits the first data byte is shifted in the position between the 6 th to the 13rrf 

bits of serial/parallel shift register and sent to lock register by f p. Therefore one data 

byte consisting of L$ — L 13 is connected to eight inputs of the 6 th data register of 

the data output array. When C6 is asserted contents of the 6 th data register are sent 

through f p to the data bus for further demultiplexing, where f p is the complement 

of f p.

We have basically described the main features of the parallel frame synchronization 

system above. In comparison with the conventional methods, the scheme improves 

the conventional detector of frame synchronization code. It makes the processing in 

SDH systems performed at 19.44 MHz. This ensures that all operations are byte op­

eration after the framer. Functions that follow the framer include desrcamble, section 

overhead monitoring, pointer processing, etc. At the same time, it has the advan­

tage quickly to income frame synchronization. In addition, it gets the wider frame 

synchronous detective pulse, provides consequent circuits with sufficient processing 

time and accesses data bytes directly from the detector.

The improvement in channel detection is obtained here at the expense of slightly 

higher circuit complexity. However, it is worth as the integrated circuits cost is 

remarkably decreased.
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Different techniques and metrics are used to analyze and measure performance of 

frame synchronization system [60]-[7l]. As we discussed in the previous section, 

however, the main issues at the frame synchronization level are synchronization in­

coming, reframe and frame synchronization loss detection. The performance of the 

frame synchronization system can be measured by these three important synchro­

nization parameters: the average synchronization incoming time Tasu the average 

synchronization catching time TAsc  and the average synchronization holding time 

Tash • Next, we will find the expressions for these metrics using probability theory 

[72].

2.5.1 Definitions of Performance Parameters

We first introduce some notations in order to conveniently perform the analysis.

•  M : The length of each frame in bytes.

•  N f. The length of the frame synchronization code in bytes.

• Tp: The interval of one frame.

•  T\v' The interval of one byte.

• T : The interval of one bit.

• pe: The bit error probability, q = l —pe.
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•  Pps- The probability of the false frame synchronization.

• Pis'- The probability of the leak frame synchronization.

•  K x: The number of consecutive frames before entering in-frame state, which is 

used for avoiding the false synchronous phenomenon to a certain extent.

•  K2: The number of consecutive missing frame synchronization code before quitting 

in-frame state, which is used for avoiding the leaky synchronous phenomenon.

•  T A s c -  The time between the moment the frame synchronization system begins to 

catch frame synchronization code when it finds a loss of the frame synchronous signal, 

to the moment frame synchronization system confirms it entered the synchronous 

state.

•  T a s h - In the lock mode, the interval during which the frame synchronization 

system keeps itself operating at synchronous state is called average synchronization 

holding period, the time corresponding to it is called average synchronization holding 

time.

2.5.2 K \  and Parameters in the Synchronization Check 

and Protection Unit

A transmission channel error may corrupt a frame synchronization code so that it 

will be misidentified. Also, during a search operation a random combination of
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information bits may corrupt the required frame synchronization code. Thus we 

need to consider strategies of frame synchronization check and protection. They will 

be implemented by the Synchronization Check and Protection(SCP) unit. K \ and 

K i  defined above are two parameters in SCP unit.

K \ is set to avoid the false synchronous phenomenon to a certain extent. If valid 

framing patterns are detected in K \ consecutive STM-1  frames by the synchroniza­

tion checking counter in the SCP unit, the frame synchronization system will declare 

itself in synchronization and enters frame synchronization state. The receiver does 

not proceed before the K\ consecutive frame synchronization codes are checked. This 

means that the larger K \ is, the more the information lose since the receiver can not 

enter synchronization state sooner. Considering the analysis to the features in length 

and pattern of the frame synchronization code, we could choose K\ =  0 for the frame 

synchronization system of SDH transmission network since the Pps is very low (see 

Table 2.1). Thus performance analysis in the following section will not include the 

effect of K \.

K 2  is set to avoid the leaky synchronous phenomenon. If invalid frame synchroniza­

tion codes are counted at least K 2 consecutive STM-1  frames by the synchronization 

protection counter in the SCP unit, frame synchronization system will declare itself 

out of frame synchronization and begin the reframe process. T a sh  is closely related 

to the parameter K 2 . We will analyze its effects in the subsections below.
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2.5.3 Average Synchronous Catching Time T a s c

2.5.3.1 Average Synchronous Incoming tim e T As t

We first consider a special case. In the process of searching frame synchronization, if 

the first byte of frame synchronization code being input exactly matches the position 

which is preset in detector to conform with the frame synchronization code, we say 

the detector enters incoming state of the frame synchronization process. The time 

arrived a t this state is called synchronization incoming time Tsi. Since position of 

frame synchronization code input to the detector is random, Tsi is a random variable. 

We need to find its average value TASr-

In designing detector of traditional parallel mode, only when the first bit of frame syn­

chronization code exactly occurs on the first bit position of the detector, the detector 

can match the frame synchronization code and indicate it to admit synchronization 

incoming state. However, input bit stream enters the detector randomly when the 

detector initializes searching frame synchronization code. This means that the first 

bit of frame synchronization code may occur on any bit position of the byte (8 -bit) 

in the detector. Then, the probability that the first bit of the frame synchronization 

code takes up on the first bit of the first byte in the detector is It is also the 

probability that the detector could generate frame detection pulse. Otherwise the 

detector has to repeat searching frame synchronization code after approximate one 

frame time until the first bit of frame synchronization code exactly occurs on the
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first bit position of the detector.

Thus, the average number of frames for which the detector has to wait after missing 

a frame synchronization code n is equal to

8 - 1  
n =

h  *
=  s i  (2.6)

The average synchronization incoming time of the traditional parallel mode Tasi is 

equal to three and a half frames.

In the proposed scheme, since we design a detecting array with 55-bit register and 

eight detectors, and use different connections from the traditional mode, after every 

byte is shifted into the register, the connections shown in Table 2 .2  ensure that one 

of the eight detectors can detect frame synchronization code wherever its first bit 

falls during the l at-8 tA bit position in the detector. This means that the probability 

that generates frame detection pulse is pd, and pd =  1 within the first byte of the 

detector. So the average number of frames that the detector has to wait after missing 

a frame synchronization code N  equals

N  =  Y , l P i
1=0

=  1 (2.7)
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The average synchronization incoming time of the proposed scheme Ta$i  is equal to 

one frame of time. It is clear that our scheme to get into synchronization mode is 

faster than the traditional one.

2.5.3.2 T a sc

Here we analyze the average synchronous catching time(T,isc) of the parallel frame 

synchronization system. TAsc  is defined as the time between the moment frame 

synchronization system begins to catch frame synchronization code when it finds a 

loss of the frame synchronous signal, and the moment frame synchronization system 

confirms it entered the synchronous state.

As described in the previous sections, our catching process of frame synchronous 

signal is that once frame synchronization system finds one frame synchronization 

code it continues detecting others after waiting one frame time TV- If the frame 

synchronization system fails to find the frame synchronization code during this period 

of time it will start the detection process once again after taking 2V =  8  x T, where 

7V is the width of one byte (TV =  j-). In one frame that contains M bytes, there are 

M  — N f non-synchronous bytes where false synchronous possibility may occur. Here 

N f represents the byte number of one frame synchronization code. Since there are 

eight detectors in the array and the maximum number of false synchronous codes is 

eight appeared in 28Nf  combinations, the false synchronous probability P f s  is :
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P rs = ^  (2 -8 )

The average time ti  of shifting one byte after the synchronization is given by:

ft =  (1 — P fs ) T w  4- P fsO - — P fs ) (T w  4- Tp)

< + P }/.{1  — P fs ) (T w  4- 2Tp) 4 - ..........

=  f ) ( l  -  P f s )Tw P U  +  f ) ( l  -  P f s )P 3f s 3T f  (2-9)
t = 0  J = L

In (2.9) we neglected the delay caused by devices for the sake of simplicity. By using

series summing method and the fact that Pf s  < 1 , we can rewrite equation (2.9) as

below:

fl = ^ + ( T ^ ) TF ( 2 ' 1 0 )

Because of the feature of the frame synchronization code, no false synchronization 

code exits in (N f — 1 ) non-synchronous bytes. Detector recognizes frame synchro­

nization pattern again after one byte time, i.e., the frame synchronization system 

stays for one byte time. We refer to this amount of time as average stay time £2, 

where,

£2 =  Tw  (2 .1 1 )
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Let £ 3  represent the time for transferring from non-synchronous bytes to synchronous 

bytes. The worst case occurs when the beginning of the catching process exceeds 

seven bits or recedes one byte from FSC in bit stream, where the parallel frame 

synchronization system spends time of (M  — Nf)  non-synchronous bytes. False syn­

chronous phenomenon takes place and also spends time of (Nf  — 1) non-synchronous 

bytes in which no false synchronous code exits. In this case £3 =  t^MAX- For oon- 

synchronous bytes, in which no false synchronous code takes place, £ 3  is equal to 

i-e.:

tzMAX =  (M  — Nf) t \  +  (Nf  — 1)£2 (2 .1 2 )

tzMiN =  h  (2.13)

From formulae (2.12) and (2.13) we can get average value £3 of £3 :

r tzMAX +  tzMIH
£3 = ---------5---------  (2.14)

thus:

(M-rffMw + ^ T r i  + W-VTw + T* 
k  -  2

MT«' + ^ ( M - N f )TF
(2.15)
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considering M TW =  Tp, therefore:

f i = T [1 + r = f e (M_iV>)l  (2-16)

In fact, bit error in the channel causes FSC to change leading to the leaky syn­

chronous phenomenon and prolonging catching time. FSS spends time of Hmax if 

the phenomenon happens with probability P l s , otherwise it spends a time duration 

equal to fa with (1 — P l s ) -  Therefore average synchronous catching time T a s c  is 

equal to:

T a SC  =  (1 — P L s ) h  + P l s O- — P L s ) ( fa  +  tzMAx)

<  + P l s O- ~  P l s ) ( L 3 +  % fa \I A x )  + .........  (2-17)

By using the same formula of (2.10) we get:

T a s c  = fa + -— ^ —fa  m a x  (2.18)
i  —  PLS

According to series expansion, considering Um a x  >  faiw/tv, replacing fa, fa m a x  by 

(2.15), and (2.12) respectively, Tasc equals:

T a s c  «  [1 +  2 P l s  +  (M  — i V / J P ^ s ] (2.19)
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In STM-1, M  =  2430, N f  =  6 . When Pe =  10-7, equation (2.19) gives

1 OK

T a s c  «  x l<r6(«ee.) (2.20)

It is observed that the frame synchronization system takes Tasc ~  ^  x 10”6 (sec.) 

before entering the frame synchronous state. The first term in formula (2.19), ^p, 

assumes a PFSS initiates (on the average) a t the mid of the frame. In fact, the 

false synchronous code will make T a s c  longer. If we compare this result of PFSS 

T a s c  to that of the conventional approaches we find that they are almost equal 

[55]. However, our proposed scheme, the PFSS, has an advantage that FSS can be 

implemented with off-the-shelf lower rate integrated circuit chips.

2.5.4 Average Synchronization Holding Time Tash

T a s h  is one of the most important parameters used for measuring performance of 

a frame synchronization system. It indicates how long the system stays in the syn­

chronous state. It is known that only when the frame synchronization system oper­

ates in the synchronous state the receiver can correctly demultiplex payload of each 

user from data bit stream received. Therefore, the longer T a s h  is, the better the 

performance of the frame synchronization system.

Now we evaluate the value of Ta sh ■ Under the synchronous operation, a  frame 

synchronization system periodly examines frame synchronization code. However, as 

mentioned before, a  frame synchronization code may be corrupted by transmission
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error so it can not be recognized on the expected position by the frame synchro­

nization system. In the previous section, we defined the bit error probability pe in a 

noisy transmission channel and the probability without bit error 1 — pe. Then the 

probability of correct transmission of the frame synchronization code of n-bit size is 

(1  — pc)n, and the probability that at least one error in the frame synchronization 

code occurs is [1 — (1  — pe)n], the probability that the frame synchronization system 

fails to detect the frame synchronization code.

From the synchronization strategy of SDH system described above, frame synchro­

nization system will declare itself out of frame synchronization state when it can not 

detect the frame synchronization code K<i frames in succession. The corresponding 

probability is equal to [1 — (1  — pe)n\Kz. The interval between two declarations of 

the loss frame synchronization state is the period in which the frame synchroniza­

tion system operates regularly at synchronous state. The interval is also average 

synchronization holding time Tash - It is given as following:

T a s b  [i -  ( i  -  p « ) -F *  (2 2 1 )

When pe is very small and n is large,

(1  -  pe)n «  1 -  npe (2 .2 2 )

By replacing (1  — pe)n with 1 — npe, we obtain
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(2.23)

A group of Tash  curves corresponding to different pe and K 2 values are shown in 

Figure 2.12.

From the curves we find:

1. When pe is constant, Tash increases as K% increases. It is evident from the 

definition of K 2. However, K 2  can not be increased with no limits. A large K 2  

requires increasing the capacity of counter. On the other hand, a very large 

K 2 may delay the start for state search when the system losts its synchronous

T a s h
Tf

(npe ) K2

Average synchronization hofdngtimevsK2
n----- —■ » ■ ■ .................... .

K2=6

 * —  • •

K2=5 *

10*  10'5 10’ *  103 
Pe: bit error rate
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state due to other reasons. Selection of K 2 values for a system depends on the 

requirement of the telecommunication system. For example, if we require a 

system to keep synchronous state approximately thirty years under the condi­

tion where pe =  10-6, then we find that we need to choose K 2 =  3, see Figure 

2.12

2. When K 2 is constant, Tash  decreases as pc increases.

Generally, we always decide K2 value according to channel condition.
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Chapter 3

PAYLOAD MULTIPLEXING

3.1 G eneral O verview

Multiplexing is a popular method by which payloads from many terminals are simul­

taneously transmitted over the same transmission link. It can bridge the difference 

between terminal speed and transmission media speed. Over any given route, the 

most cost-effective transmission will, in general, be achieved by multiplexing as many 

channels together as possible. Because of the development of signal theory and the 

availability of efficient transmission techniques, there has been a tendency to com­

bine different traditional multiplexing techniques with modern digital transmission 

techniques to gain greater multiplexing efficiency on a single transmission link.

There are two basic methods to classify multiplexing techniques. They are:

1 . Frequency Division Multiplexing(FDM): In FDM a fraction of the carrier fre­

quency is assigned to each signal so that different segments within the frequency

— — i ■ — - ■ ■ - ■ - - ----  --
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are occupied by the multiplexed signals at the same time. We use electrical 

filters to position the bands at the transmitting end and to separate the bands 

at the receiving end [73]. For fiber optic channels, a variation of FDM is used. 

It is called Wavelength Division Multiplexing, WDM.

2. Time Division MuItiplexing(TDM): In TDM a fraction of the transmission 

time, called timeslot, is assigned to each signal so that different timeslots are 

occupied by the multiplexed signals. Each signal contained in each timeslot 

takes up the whole carrier bandwidth. We use multiplexers to position the 

timeslots at the transmitting end and demultiplexers to separate the signals at 

the receiving end [74]-[76].

We here briefly review the TDM techniques related to our research work.

3.1.1 TDM  Techniques

Time division multiplexing is not limited to a fixed level. Based on the unit of the 

information multiplexed it is classified into three levels. A brief explanation for each 

level is described below.

1 . Frame multiplexing: User signals are interleaved in a manner of frame by frame 

into time slots prearranged in the same carrier.

2 . Byte multiplexing: User signals are interleaved in a manner of byte by byte 

into time slots prearranged in the same carrier.
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3. Bit multiplexing: User signals are interleaved in a manner of bit by bit in turn 

in the same carrier.

Also time division multiplexing is classified as synchronous and asynchronous. Mul­

tiplexing is referred to as synchronous if the timeslots are distributed to each signal 

in turn in a regular sequence produced in the system, and it is referred to as asyn­

chronous if the timeslots are distributed to each signal as demanded. Synchronous 

time division multiplexing combines multiple, lower speed digital signals into single, 

higher speed signal. It allocates a fixed timeslot to a fixed user. Even though a user 

has no signal to transmit his timeslot can not be used by others. This feature decides 

that the synchronous time division multiplexing is widely used in trunk links with 

heavy traffic and leads to the development of a class of multiplexing techniques called 

asynchronous or statistical time division multiplexing methods. The new idea is that 

timeslots are distributed to a user once it has data to be transmitted, otherwise no 

timeslot is allocated. Clearly, the multiplexer needs some overheads as identifiers in 

order for the receiver to restore the original data information.

3.1.2 M ultiplexing Methods in PDH

The essential function of the multiplexers being recommended is to multiplex a num­

ber of lower level signals into a higher level one. In time division multiplexing system 

of PDH, there are two basic methods to multiplex to higher rate signals from lower 

rate tributary signals. They are shown in Figure 3.1 (a) and (b).
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(a). Fixed Stuffing Bits Method

FP: Framing Pattern 
XX: Overhead 
I : Information Data 
C : Indicator of Bit Stuffing 
S '.StuffingBit

FP H 12 In FP

(b). Fixed Tributaries Method

Figure 3.1: Multiplexing Methods of Payloads

Method (a) is to use stuffing bit to match the precise signaling rates of the tributaries 

to the signaling rate of the multiplexed signal. As bit stuffing indicators, C bits 

occupy fixed positions within a higher level frame and are used to indicate whether 

the stuffing bit S carries information data or dummy data for the tributary in the 

frame. Multiplexing of four DSl signals into one DS2 signal and the multiplexing 

of seven DS2 signals into one DS3 are examples of method (a). Bit stuffing can 

accommodate large frequency variations of multiplexed payloads. However, access 

to those payloads from the higher level multiplexed signal is extremely difficult since 

before the tributary signal must first be de-stuffed, i.e., the information data bits 

should be separated from the dummy bits, the framing pattern of the payloads must 

be identified if complete payloads access is required.

In method (b) there is a fixed mapping position for each tributary when lower rate
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tributaries are multiplexed into high rate signal, i.e., fixed location mapping uses 

specific bit positions in the higher level frame to carry lower rate synchronous signals. 

For example, A always carries information data from one special tributary. Because 

de-stuffing becomes unnecessary this method is easy to access the special payloads. 

However, in order to repeat or delete a frame of information to correct frequency 

differences, multiplexing equipment interface has to place larger buffers to phase- 

align and slip the tributary signal since phase and frequency differences which are 

caused by synchronization network failure or at plesiochronous boundary. These 

buffers are undesirable because of the signal delay that they impose and the signal 

impairment that slipping causes.

3.2 M ultiplexing in  SDH

As mentioned at the beginning of Chapter 2 , SDH transmission network uses syn­

chronous time division multiplexing technique for transmitting payloads. It provides 

the most cost-effective transmission with powerful multiplexing functions. Its mul­

tiplexing hierarchy and the relationship between various containers are shown in 

Figure 3.2.

SDH defines a  number of “containers”, each corresponding to an existing plesiochronous 

rate and other new services. Information from a plesiochronous signal and new ser­

vices is mapped into the various container. Each container has control information
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Figure 3.2: Basic Multiplexing Structure in SDH

known as the “path overhead(POH)”. The POH bytes allow network operator to 

achieve end-path monitoring of things such as error rates. The container plus POH 

is called “Virtual Container(VC)” . After review of some conventional multiplexing 

methods in the subsections below, we will introduce a concept of pointer in SDH, 

and then, based on the features we will present an implementation for one of the 

multiplexing structures in the STM- 1  frame.

In order to overcome the disadvantages of the conventional multiplexing methods, 

SDH introduces the concept of pointer. In a synchronous network, all equipment is 

synchronized to an overall network clock. It should be noticed that the delay asso­

ciated with a transmission link may vary slightly with time and cause a  variation.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



60

As a result, the location of virtual containers within an STM-1 frame may not be 

fixed, and the virtual containers are not synchronous with the STM-1  frame. These 

variations in frequency and phase between the payload and the STM-1 frame are 

accommodated by associating a pointer with VC each [77]. The position at which 

the virtual container starts within any one frame is given by the value of the pointer 

contained in the SOH of the STM-1  frame. It can be incremented or decremented 

as required in order to accommodate the position of the VC. The advantages of this 

scheme are that small variations in the data rate in the container can be accommo­

dated by changing the pointer value, thus allowing the virtual container to move its 

position in the frame. For example, if the STM-1 payload data rate is high with 

respect to the STM-1  frame rate, the payload pointer is decremented by one and the 

H3 overhead byte is used to carry data for one frame. If the payload data rate is slow 

with respect to the STM-1  frame rate, the data byte immediately following the H3 

byte is nulled for one frame and the pointer is incremented by one. Therefore, slips 

and their associated data loss are avoided. The phase of the STM-1  synchronous 

payload is known by reading the pointer value. The access to specific payloads from 

the higher level multiplexed signal is easy.

3.3 M ultiplexing C-3 Payload

G. 709 defines different combinations of VC which can be used to fill up the payload 

area of the STM-1  frame. The process of loading containers and attaching overhead
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is repeated at several levels in the SDH, resulting in the nesting of smaller VCs within 

larger ones. This process is repeated until the VC of the largest size, i.e. VC-4, is 

filled and eventually loaded into the payload of the STM-1 . Containers of various 

size are used to carry payloads for extensive services. By introducing the concept 

of container, the frame structure becomes flexible to combine the two main current 

systems, i.e., 1.544 Mbits/s system and 2.048 Mbits/s system, efficient to multiplex 

tributaries to higher transmission levels, easy to carry ATM cells and to support a 

number of new services.

From among a variety of containers, one of the most frequently used containers in the 

STM-1  frame is the C-3 container. Each C-3 payload container can carry not just one 

Level 3 signal or multiple Level 2 signals of European and Northern America systems 

in Table 1.1, but also carry ATM cells. The basic multiplexing structure defined in 

SDH (Figure 3.2) allows two different methods for multiplexing C-3 payload, they 

are:

1 . C-3 ->• V C  — 3 - 4  TU  — 3 - 4  TUG  - 3 - 4  V C -  4 - 4  AC/-  4 - »  AUG  

- 4  S T M  -  1 ;

2 . C-3 -» V C  -  3 - 4  AU -  3 -»• AUG  -> S T M  -  1 ;

The direct multiplexing method, method 2, of C-3 signal is shown in Figure 3.3 and 

it will be the one discussed mostly through out this dissertation.

In method 2, POH is added to C-3 payload to form a virtual container VC-3. POH
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Figure 3.3: Direct Method for Multiplexing C-3

provides for integrity of communication between the point of assembly of a virtual 

container and its point of disassembly. An administrative unit AU-3 consists of VC- 

3 and an administrative unit pointer. This pointer is used to indicate the offset of 

the payload frame start relative to the multiplex section frame start. Three admin­

istrative units occupying fixed, defined positions in an STM-1  payload area form 

an administrative unit group AUG. This AUG, together with SOH, constructs an 

STM-1  frame.

In direct multiplexing method, three C-3 signals may be byte-interleaved and multi­

plexed together to form an STM- 1  signal at 155.52 Mbits/s. Byte-interleaved mul­

tiplexing is accomplished by taking, in turn, one byte from the first C- 3  signal for 

output, followed by one byte from the second C-3 signal for output, followed in turn 

by one byte from the third C-3 for output. At this point, the sequence is repeated 

by returning to the first C-3 signal to provide the next byte for output. Each row of 

the structure for multiplexing three C-3 signals is identical and is shown in Figure
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Figure 3.4: Row j in the Multiplexing Format of 3 C-3 Payloads

3.4.

Each C-3 container can carry user payload of 9 x 8 6  bytes in a single STM-1 frame. 

It operates at 49.536 Mbits/s. The multiplexed payloads can be:

1. CHl: Data from computer.

2. CH2 : Voice signal, consisting of seven TUG- 2  signals. Each TUG-2 signal can 

be used to carry three signals at rate of 2.048 Mbits/s, or one signal at 6.312 

Mbits/s.

3. CH3: One 44.736 Mbits/s signal from North America Hierarchy or one 34.368 

Mbits/s signal from European Hierarchy.
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In this section we present a buffer method for multiplexing three C-3 signals. Its 

diagram is shown in Figure 3.5. We assume that there are always user data arriving 

at the sender for transmission.

3.4.1 Matching Input and Output Rates

Figure 3.4 shows one row where three C-3 payloads are interleaved byte by byte, 8 6

bytes each. Each C-3 payload arrives at the inputs of multiplexer at 49.536 Mbits/s

in serial. After conversion from serial to parallel format, the rate of the input data 

becomes:

49.536r lu, =  —- —  =  6.192 M bytes/s (3.1)
8

Its width is ti =  «  161.5(nsec.).

The output rate is :

155.52
Tow =  — q—  =  19.4AMbytes/s (3.2)

8

The width of each byte is approximately equal to 51.44 nsec. In order to correctly 

multiplex input signals what we need to do are two things. First, we should change
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information code rate from 6-192 Mbytes per second to 19.44 Mbytes per second. 

Second, we should avoid the phenomenon of read-empty. Since a container is mapped 

into a virtual container which contains overhead and stuff bytes, the read clock of 

payloads in the container is a gapped clock. Leaving “gaps” in the clock reduces 

frequency. Payloads with different rate within the SDH frame are timed using gapped 

clocks. In order to avoid loss of information in the gapped duration, we need to place 

a buffer in the multiplexer for temporary storage of each C-3 payload when overhead 

and stuff bytes are being read.

3.4.2 Calculation of Buffer Capacity

The key point is to evaluate the buffer capacity. We first evaluate buffer capacity 

for each of the C-3 channel, M. From Figure 3.4 we know that the first 12 bytes 

in each row of the STM-1  frame structure are used for SOH, AU-PTR, and POH. 

The positions of the Ith C-3 payload is located at 13 -f- i, 16 +  z, ... , and 268 +  z, 

respectively (where, i=0, 1 , 2). The initial position of each C-3 channel is related to 

the first byte of the frame and it is nonuniform. Each C-3 signal is interleaved once 

every two bytes. Its interval is approximately 102.88 nsec. The maximum interval is 

14 bytes which is the width from the first byte of the frame to the beginning byte of 

the third C-3 payload. Assume that Tl2+t is the time at which the Ith payload starts 

to be multiplexed from the moment it arrives a t the input end of the multiplexer. 

Then,
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Table 3.1: The buffer capacity for the Ith C-3 signal

i 7l2+t W i Mi

(/xsec.) (bytes) (bytes)

0 0.61728 3.82 3 -< Mi <  4

1 0.66872 4.14 4 < Mi < 5

2 0.72016 4.46 4 -< M3 < 5

Tu+i =  —  x (12 +  i)(isec. (3.3)
row

Let the number of information bytes transmitted during 7 i2+,- be W^. A user trans­

mits its information bits at a rate r c - 3 , where,

W ( =  ' » » r w  (3 4)

It is observed that we could avoid the phenomenon of read-empty in the buffer if AT, 

>  Wi, where Mi is the capacity of the buffer.

Using formulae (3.3) and (3.4), we have obtained Table 3.1 that contains the buffer 

capacity in the Ith C-3 channel for =  19.44 Mbytes per second and r c _ 3 =  49.536 

Mbits/s.

In Table 3.1, is a fractional number because, the ratio a  of line transmission rate
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rL =  155.520 Mbits/s to payload input rate rc ~ 3 is not equal to the whole number, 

where

rL 155.520 „
a  = -------=  - - - ■ - ~  3.13 (3.o)

r c _ 3 49.536 v '

It is important to mention that the non-integer relationship makes it more complex 

to design the timing system for STM-1 .

In theory, it is sufficient to make buffer capacity equal to W{. In fact, we know 

that the buffer capacity should be an integer greater than W{. This is because, the 

smallest unit of buffer capacity is a bit. Therefore, the buffer capacity for each C-3, 

denoted by Mi, is

Mi =  n*V| (3.6)

Where |Y| means the smallest integer which is greater than or equal to x.

The selection of the buffer capacity, Mt, is related to implementation complexity of 

the system. For example, in order to use smallest buffer, it is sufficient to let M* =  5. 

The buffer access could be performed by a divide-by-5 circuit. The problem with 

the preceding approach is that the circuit has to rotate 18 times to generate 8 6  byte 

pulses(18 x 5 =  90: it is not enough to rotate 17 times(17 x 5 =  85)). We know that 

the timing circuits need to generate 8 6  byte pulses for interlacing 8 6  of 3 C-3 signals
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within each row of the frame. Therefore, we have to modify the divide-by-5 circuitry 

to eliminate 4 extra pulses.

In this chapter, we have presented a new method for multiplexing payloads in SDH 

networks. In particular, we have formulated and developed a multiplexing scheme 

for C-3 type of payload. Our scheme is based on the use of appropriate size buffers 

in order to avoid information loss due to gapped clock. We have also performed 

calculations to determine the minimal buffer size for various user transmission rates. 

The computations were done for C-3 type of payload, however, similar calculations 

could be performed to determine buffer sizes for other SDH containers. We believe 

that the scheme presented here is an efficient solution for multiplexing a variety of 

SDH containers.
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Chapter 4 

ERROR BLOCK ESTIMATION 
IN PAYLOADS

4.1 B lock Error R ate (BLER)

In order to ensure the reliable and correct information transmission, a communica­

tion network generally use some techniques to detect errors which are impossible to 

eliminate completely in the transmission processing. The simplest detecting error 

method is to add an extra bit at the end of each wordcode. This extra bit is referred 

to as a parity-check bit and is chosen to make the number of l ’s in each wordcode an 

even or odd number. This detecting technique is often applied for digital computer 

and communication systems in which the error probability of a bit is very low.

In the present SDH networks, optical fiber is used as transmission medium. However, 

although optical fiber has low error bit rate, errors maybe occur in equipment due to 

the hardware malfunction, imperfections in component design, etc. There are many 

techniques [50] [78] [79] that can be used to measure errors which happen in the
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Table 4.1: Block size of virtual containers in STM-1  structure

VC type No. of bits in a  block m, n

VC-11 832 m=416, n=2

VC-12 1 1 2 0 m=560, n=2

VC-2 3424 m=1712, n=2

VC-3 6120 m=765, n= 8

VC-4 18792 m=2349, n= 8

STM-1 19224 m= 801, n=24

transmission processing. Communication networks error rates are measured with a 

simple formula called the bit error rate (BER). It is calculated as follows:

D Z71 D   errored bits received
DCj I X ~  total bits sent

Another useful statistics is called the block error rate (BLER) which defines the 

number of blocks sent in relation to the number of blocks received in error. The 

term block is generic, it has different forms corresponding to various applications. 

In the SDH network a  block refers to a virtual container.

Table 4.1 shows block size of the different virtual containers in the STM-1  frame 

structure.

The formula for calculating BLER is:

p r r n   errored blocks receivedblocks sent
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An errored block is defined as a block in which at least one bit associated with the 

block is corrupted, therefore the block errored ratio (BLER) represents the probabil­

ity of having an errored block. It is clear that the BLER is related to bit error rate. 

To measure the probability of errored block occurred in the SDH network ITU-T 

Recommendation G.826 gives an expression of BLER as follows [80]:

B L E R  =  1 ----- —  (4.1)gmnp V '

Where m is the number of columns in the block, n is the number of rows in the 

block, and p is the bit error rate, i.e., BER. BLER describes the probability that the 

received blocks are in error.

4.2 B it Interleaved Parity (BIP)

The detection of errored blocks is a key point in the SDH network . Bit Interleaved 

Parity (BIP) code is recommended by ITU-T for error monitoring in the SDH network

[80]. In the STM- 1  frame structure of the SDH network, there are three types of BIP 

codes used for error monitoring. They are regenerator section BIP- 8  code, multiplex 

section BIP-24 code and path BIP-8  code, respectively.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



73

4.2.1 The Functions of BIP in STM-1 Frame

1. BIP- 8

One byte, B l, provides regenerator section error monitoring by means of a Bit 

Interleaved Parity code (BIP-8 ) using even parity in the STM- 1  frame. The 

B l byte is located in row 2 and column 1 of the STM-1 frame. By Bl the SDH 

network performs the even parity check on the previously sent STM-1 frame. 

The method of calculating parity is that, for the previously sent STM-1  frame 

after scrambling, the number of “0 ” or “1” located at the n4* bit position is 

evaluated using modulo 2  for each byte over the whole STM- 1  frame. The 

calculated result, which is 0  for even number and 1 for odd, is stored in the nth 

bit position of B l byte in the current frame before scrambling. Therefore, 8  

independent parity calculations are operated at 8  adjacent bit positions in Bl 

byte.

2. BIP-24

Three bytes, B2B2B2, provide a multiplex section error monitoring function. 

This function is a Bit Interleaved Parity code (BIP-24) using even parity. The 

BIP-24 is evaluated over all bits of the MSOH and payload envelope capacity of 

the previous STM- 1  frame except for the first three rows of SOH. The calculated 

result is stored in the B2B2B2 bytes before scrambling.

3. Path BIP- 8
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One byte, B3, provides a path error monitoring function in each VC-3 and 

VC-4. Its function is the same as that of the regenerator section and multiplex 

section, to perform a BIP- 8  path parity check using even parity. The path 

BEP- 8  is evaluated over all bits of the previous VC-3, VC-4 OR VC-4-Xc before 

scrambling. The calculated result is stored in the B3 byte of the current VC-3, 

VC-4 OR VC-4-Xc before scrambling.

4.2.2 The Algorithm of BEP in STM-1 Frame

As we see, BIP-N (N  = 8  or N  =  24) code is used for error monitoring. A monitored 

partition comprises all bits which are in the same bit position within the N-bit 

sequences in the covered portion of the signal. The covered portion includes the 

BIP-N. The matrix below represents an input sequence (a^ , i  =  1,2,••• ,n ; j  =  

1,2,**' , m) with BIP-N code.

/
< 2 l,l 0-\£ Oi ,m Cl

02,1 <*2,2 '  * * 02 ,m C2

Oj,i o„2 -*• a,-,,,m

^  O n , l  0 ^ 2  * * * Q-n,m O n
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The algorithm is that the first bit of BIP-N code , cL) gives even parity over the 

first bit of all N-bit sequences, (onai2 • * * aim), in the covered portion of the signal. 

The second bit, cz, gives even parity over the second bit of all N-bit sequences, 

(a2x022 * • *a2m)» within the specified portion, and so on. The code (ciC2 *--c„) will 

be filled up the position of BIP-N in the next frame.

The parity bit Cj is chosen such that the total number of I ’s in each transmitted code 

word (including the parity bit) is even. The single parity check bit c,- is given by:

Cj =  Oj,x -1- Oj,2 H 1- di,r (4.2)

where addition is based on modulo-2 .

For example, VC-3 consists of C-3 container and path overhead. Byte B3 in the 

path overhead performs a BIP- 8  path parity check to the previous VC-3 using even 

parity. N  =  8  means the VC-3 is divided into 765 sequences, each of which is 8 -bit 

long. Then the relative matrix is

f  \
a i , i  0 1 , 2  '  * * O i t 7 6 5  C i

02,1 a 2,2 ' ' - 02,765 C2

O j , l  O j,2 O j,7 6 5  Cj

08,1 Os,2 * * * 08,765 C8
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At the receiver, the error detection system determines whether one or more transmis­

sion errors have occurred by counting the number of l ’s received in each block and 

determining whether the result is odd or not. That is, the receiver will recalculate 

the parity bit c,. If there exists any difference between the calculated value and the 

received bit the receiver declares that errors occurred. When error number is odd the 

received block is corrupted during the transmission. When error number is even the 

received block will be accepted as one valid block. However, the BIP code can not 

detect errors of even number. In most situations we need to know the probability 

of having an errored block when undetectable errors happen. In the next section 

below, we will estimate BIP code performance with Bernoulli error distribution in 

the SDH network.

4.3 Probability of U ndetected  Errors in B IP

In order to estimate the block errored ratio we need to find probability of undetected 

errors first.

Assume that a  M-bit long code is transmitted over a channel in which the probability 

of a bit error is p and bit errors are independent, and there are k random error bits 

in a row of the block. Then the probability of k bits in error p(k) is:
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p(fc) =

/  \  
M

\  J
P*(l ~ p )M~k (4.3)

When the number of error bits is even, the probability related to it is P {k  =  even}, 

and

P {k  =  even} =  p(0) 4- p(2) 4------- F p(2i) 4---- (4.4)

When the number of error bits is odd, the probability related to it is P{k  =  odd}, 

and

P{fc =  odd} =  p (l) +p(3) 4 hp(2i + 1 ) +  • (4.5)

where i =  0 , 1 , 2 , • • • .

Assume that Pmdetecud is the probability of undetected even errors, it is clear that 

Pundetected equals

Pundetected — p { 2 ) +  p(4) 4----------(- p(2 i) 4----- (4.6)

where i — 1 , 2 , — .

On the other hand, from Binomial Theorem, we know if 1 is a positive integer, then
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(a + b) 1 =  bl + labl~l +  lV— V a2 b1- 2  +  - -2 ) a¥ ~ 3
a* (3.

-  E

+  - * - 4-tt‘ 

I

io
V * /

(4.7)

( a -6 ) '  =  (-6 )1 +  ia ( - t )1- 1 +  ^  2)a3(-6 )f~3

i
=  E

ifc=0
\  k I

l-k„ k il-k (4.8)

Add Equation (4.7) and (4.8) when I is equal to even number, then

(a +  b) 1 -f- (a — b)̂  =  2 ^
Jfc= 0

( \  
I

\ ° - k /

(4.9)

Simplify Equation (4.9) using a =  p, 6 =  1 — p and let I = m  then

l  +  ( 2 p - l ) m = 2E
fc= 0

/  A 
m

\ 2 k J

p“ ( 1 - p ) m_2* 

/  \za
2

=  2(l -p)™ +  2 £  
te l

m

\ 2* /

(4.10)
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From (4.6) we know the second term in (4.10) exactly equals Pundetected> thus we get

1 +  (2p -  l ) m =  2 P undetected +  2(1 -  p ) m  (4.11)

then

(4.12)

where (2p - 1)”* =  (1 -  2p)m since m is even number thus (4.12) can be written as

i+(i-2Pr - 2 ( i - Pr
undetected —  ̂ (4*13)

Subtract Equation (4.8) from (4.7) and repeat the process above when I is equal to 

odd number, then

i - ( 2 P - i r - 2 ( i - Pr
* undetected — « (4*14)

also (4.14) can be written as

1 ~  (~ l)m(l ~  2P)m — 2 ( 1  — p)T
* undetected — 2

1 +  (1 — 2p)m — 2(1 — p ) m
(4.15)
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where 1 — (—l)m(l — 2p)m =  1 +  (1  — 2p)m since m is odd number.

Equations (4.12) and (4.15) indicate Pundetected has the fixed expression either m is 

even or odd number.

4.4  E stim ating Errored B lock

We know that errors in a channel are distributed randomly. Assume probability of 

detectable errors in n rows of the whole block is Pdetccud> then

P detected. — 1 (Pundetected.) (4.16)

By amending Equation (4.1) using the probability Pjetected we get B LE R a , an esti­

mation of BLER:

B L E R a  — PfetectefiBLER — (1 — Pandetected) U — (4-17)

Substituting Equation (4.12) for P undetected, then

B LE tU  =  {1 -  [ 1 +  (2i> ^  2 (1  P r r } ( l  - (4.18)
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BIP-(2,416) For VC-11

p: Bit error rate

Figure 4.1: BLER of VC-1 1
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BlP-(8,765) For VC-3
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Figure 4.4: BLER of VC-3
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BIP-(8,2349) For VC-4

p: Bit error rate

Figure 4.5: BLER of VC-4

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



Bl
oc

k 
er

ro
r 

ra
te

86

BIP-(24,801) For STM-1.010'

•i
10

-2
10

10

,-510'

.-610 -3■7 .-610 10' 10 '10
p: Bit error rate

Figure 4.6: BLER of STM-1
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For various values of p, m and n we obtain a group of curves shown as Figures 

4.1 — 4.6 in which the asterisk “ * ” symbolizes theoretical values of BLER from 

formula (4.1), the circle “ o ” does the detectable ones from formula (4.17).

4.5 Num erical R esults

By analyzing the curves given in the section above, we find:

1 . It is self-evident that block error rates, either theoretical or detected, of virtual 

containers with different sizes are increased as bit error rate p increases.

2. For fixed bit error rate p, the bigger the size of virtual container, the higher 

the block error rate.

3. When the size of virtual container is smaller, the theoretical and detected 

block error rates in the same virtual container are about the same between 

p =  10- 7  and p =  10-3. It indicates that formula ( 4.1) is more suitable for 

describing block errored ratio of the virtual containers with smaller size. When 

the size is larger, which means n is larger, detected block error rate is lower 

than theoretical one below p =  10-4. It indicates that the performance of 

BIP-N’s monitoring error is better if N is larger. This matches with practical 

value.
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Chapter 5 

CONCLUSION AND FUTURE 
WORK

5.1 C onclusion

In this dissertation, we have studied research on the three basic aspects of SDH 

transmission network. These are: frame synchronization system, payload multiplex­

ing and error block estimation.

First, we presented a new parallel scheme realizing 155.520 Mbytes/s frame synchro­

nization system. The scheme improves the conventional detector of frame synchro­

nization code. It allows processing in SDH system to be performed at 19.44 MHz. 

This ensures that all operations axe byte operation after the framer. The functions 

that follow the framer include discramble, section overhead monitoring, pointer pro­

cessing, etc. It gets the wider frame synchronous detective pulse, provides consequent 

circuits with sufficient processing time and accesses data bytes directly from the De­

tector. The result suggests that the circuit design requirements for a FSS in STM-1
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can be relaxed and some high speed system be realized with lower rate integrated 

circuits. The performance analysis indicates that the scheme has the advantage to 

quickly synchronize the incoming frame, and that some cases its performance is bet­

ter than that of the traditional approaches under the some condition. Although the 

improvement in channel detection is obtained here at the expense of slightly higher 

circuit complexity, it is worth as the integrated circuits cost is remarkably decreased. 

We expect that this scheme will be useful for further research in SDH’s technology.

Secondly, we proposed a new method for multiplexing payloads in SDH networks. 

In particular, we have formulated and developed a multiplexing scheme for C-3 type 

of payload. Our scheme is based on the use of appropriate size buffers in order to 

avoid information loss due to gapped clock. We have also performed calculations to 

determine the minimal buffer size for C-3 user transmission rate. The computations 

were done for C-3 type of payload, however, similar calculations could be performed 

to determine buffer sizes for other SDH containers. We believe that the scheme 

presented here is an efficient solution for multiplexing a variety of SDH containers.

Thirdly, we found a closed-form expression for the undetected error probability by 

applying Binomial Theorem when even parity is used for detecting transmission er­

rors. We calculated the theoretical and measured values of block error rate according 

to the formulae recommended by ITU-T and amended by us. It is found that when 

the size of virtual container is small, the theoretical and detected block error rates 

in the same virtual container are about the same between p =  1 0 - 7  and p =  1 0 -3.
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It indicates that formula (4.1) is more suitable for describing block error ratio of the 

virtual containers with smaller size. When the size is large, which means n is large, 

the detected block error rate becomes lower than theoretical value. It indicates that 

the performance of BIP-N’s monitoring error is better if N is larger. This result is 

in agreement with practical cases.

5.2 Future Work

So fax we theoretically presented a parallel frame synchronization scheme and an­

alyzed its performance. In the next phase we will try to seek cooperation from 

industry to implement the scheme.

Based on the calculating method proposed in this dissertation, we will continue to 

find buffer capacity for the other containers and expand it to dynamic case.

Also, we want to estimate error block rate under more complex probability distribu­

tion functions.

Furthermore, we intend to apply our scheme to wireless communication networks. 

Wireless broadband systems, which can accommodate data rates ranging between 

2  Mbits/s to 155 Mbits/s [82], are emerging rapidly. WTireless access systems have 

gained extensive acceptance for mobile and fixed narrowband communications [83]. 

Demand for wide area networks with high speed is growing, the future wireless broad­

band networks will be able to carry ATM cells and multimedia traffic [84] [85]. In
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these systems, terminals can be mobile-moving while communicating, or portable- 

static while communicating, the bandwidth may be fixed, or dynamically allocated 

depending on the user demands. For a number of years, the extension of mobile 

systems to broader bandwidths and a richer variety of services than messaging, pag­

ing, voice, and low-bit-rate data have been explored in activities around the world. 

Future telecommunication networks will combine terra firma and satellite, wire and 

wireless into one integrated network, so it is beneficial to study interface between 

wire and wireless communications based on the SDH network.

Broadband communications is the central enabling technology for the well publicized 

information superhighway, which apart from being seen as the key to economic pros­

perity, promises to profoundly change the way we work and play. The development 

of the SDH in the ITU-T has been one of the significant events in the telecommu­

nication industry in this century and will continue in the next century. We expect 

more people to get involved in the research activities related to it and promote its 

growth.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



92

Bibliography

[1] Steven E. Minzer, “ Broadband ISDN and Asynchronous Transfer Mode 
(ATM),” IEEE Communications Magazine, Vol.28, No. 9, pp.17-24,57, Septem­
ber 1989.

[2] Martin de Prycker, “ Asynchronous Transfer Mode Solution for Broadband 
ISDN ” . Chichester: Ellis Horwood Limited (1991).

[3] Rainer Handel, Manfred N. Huber and Stefan Schroeder, ATM Networks Con­
cepts, Protocols, Applications, the Second Edition. Cambridge: Addison-Wesley 
Publishing Company(1994)■

[4] Thomas M. Chen and Stephen S. Liu, ATM Switching Systems. Boston: Artech 
House, Inc. (1995).

[5] Xue dao Gu, Kazem Sohraby and Dhadesugoor R. Vaman, Control and Per­
formance in Packet, Circuit, and ATM Networks. Boston: Kluwer Academic 
Publishers (1995).

[6 ] ITU-T Recommendation G.707, “Synchronous Digital Hierarchy Bit Rates,” 
Rev. 2, Geneva, 1993.

[7] ITU-T Recommendation G.708, “Network Node Interface for the Synchronous 
Digital Hierarchy,” Rev.2, Geneva, 1993.

[8 ] ITU-T Recommendation G.709, “Synchronous Multiplexing Structure,” Rev.2 , 
Geneva, 1993.

[9] W.Fred Seigneur, “The Robust Open Architecture Distributed Switching Model: 
Building the Network Operating System for the Information Superhighway,” 
1996 Annual Review of Communications, the International Engineering Con­
sortium, pp. 637-651, March 1989.

[10] ITU-T Recommendation G.702, “Digital Hierarchy Bit Rates”, Blue Book, 
Geneva, 1988.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



93

[11] ITU-T Recommendation G-703, “Physical /  Electrical Characteristics of Hier­
archical Digital Interfaces” , Rev. 1, Geneva, 1991.

[12] ITU-T Recommendation G.704, “Synchronous Frame Structures Used at Pri­
mary and Secondary Hierarchical Levels”, Rev. 1, Geneva, 1991.

[13] C. C. Bissell and D. A. Chapman, Digital Signal Transmission. New York: Cam­
bridge University Press(1992).

[14] J. E. Flood and P. Cochrane, Transmission Systems. Herts, UK: Peter Peregri- 
mts Ltd. (1991).

[15] Gilbert Held, Digital Networking and T-Carrier Multiplexing. Chichester: John 
Wiley & Sons(l990).

[16] R.Ballet and Y.C.Ching, “SONET: Now It’s the Standard Optical Network,” 
IEEE Communication Magazine, pp. 8-15, March 1989.

[17] Uyless Black, Emerging Communications Technologies. Englewood Cliffs, NJ: 
Prentice Hall, Inc. (1994.).

[18] Jun Teng, L. M. Li and M. S. Obaidat, “Parallel Frame Synchronous Scheme For 
STM-1  In SDH Networks” , International Journal of Communication Systems, 
Vol. 9, pp. 229-236, September 1996.

[19] Jun Teng, M. S. Obaidat and H. Khalid, “Determination of Buffer Capacity for 
Payload Multiplexing in SDH Systems”, accepted in the International Journal 
of Communication Systems, Wiley, 1997(in press).

[20] Jun Teng, M. S. Obaidat and Humayun Khalid, “A Scheme to Determine 
Buffer Capacity for SDH Multiplexing” , Proceedings of 1997 IEEE Interna­
tional Performance, Computing and Communications Conference, pp. 505-515, 
Phoenix/Tempe, Arizona, U.S.A., February 5-7, 1997.

[21] Jun Teng, L. M. Li and M. S. Obaidat, “155.52 Mbits/s Parallel Frame Syn­
chronous Scheme for SDH Networks”, Proceedings of 1996 IEEE International 
Phoenix Conference on Computers & Communications, pp. 321-327, Scottsdale, 
Arizona, U.S.A., March 27-29, 1996.

[2 2 ] Jun Teng, L. M. Li and M. S. Obaidat, “A New Methodology for Frame Syn­
chronous System in High Speed Networks” , Proceedings of 1995 IEEE Inter­
national Conference on Electronics, Circuits & Systems, pp. 201-208, Amman, 
Jordan, December 17-21,1995.

[23] M. S. Obaidat and Jun Teng, “Performance Analysis of Parallel Frame Syn­
chronization Scheme in SDH Systems”, Accepted in the IEEE 1997 Sixth Inter­
national Conference on Computer Communications and Networks, Las Vegas, 
Nevada, September 22-25,1997.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



94

[24] K. Khalil, J. C. Hand, M. Mariswamy and M. S. Obaidat, “Methodologies for 
Characterizing Traffic in Wide Area Networks: Analysis and Benchmarking,” 
International Journal o f Communication Systems, Wiley, Vol.8 , PP. 117-127, 
1995.

[25] M. S. Obaidat, “A Simulation Approach to the Performance of DQDB 
Metropolitan Area Computer Networks,” International Journal in Computer 
Simulation, Ablex, Vol.5, PP. 29-42,1995.

[26] K. Khalil and M. S. Obaidat, “High-Performance Protocols for Ring LAN and 
MAN Computer Networks," Information Sciences, Elseviere, Vol.83, PP. 37-47,
1995.

[27] Henry L. Owen, “Combinatorial Effects of Bit and Byte Justification in SDH 
Networks” , Proceedings of 1994 IEEE International Phoenix Conference on 
Computers & Communications, pp. 372-376, Phoenix, Arizona, U.S.A., April 
12-15, 1994.

[28] Chris B. Autry and Henry L. Owen, “Minimization of the Accumulated Phase 
Change at the Input of SDH/SONET Desynchronizers” , Proceedings of 1996 
IEEE International Phoenix Conference on Computers & Communications, pp. 
315-320, Scottsdale, Arizona, U.S.A., March 27-29, 1996.

[29] Hikmet Sari and Georges Karam, “Cancelation of Pointer Adjustment Jitte r in 
SDH Networks” , IEEE Transactions on Communications, Vol. 42, No. 12, pp. 
3200-3207, December 1994.

[30] Henry L. Owen, “Synchronous Digital Hierarchy Byte Pointer Justification 
Versus VC-12 Payload Bit Justification Effects”, European Transactions on 
Telecommunications, Vol. 6 , No. 1 , pp. 97-105, January-February 1995.

[31] Tsong-Ho, Wu, Dennis T. Kong, and Richard C. Lau “ An Economic Feasibility 
Study for a  Broadband Virtual Path SONET /  ATM Self-Healing Ring” , IEEE. 
Journal on Selected Areas in Communications, Vol. 10, No.9, pp.1459-1473, 
December 1992.

[32] Yoshiyuki Yasuda and Noriaki Yoshikai, “ Automated Network Connection 
Tracing and Data Gathering Methods in the SDH Network”, IEEE Transactions 
on Communications, Vol. 42, No. 2/3/4, pp. 1065-1075, February/March/April
1994.

[33] Steven Liu, Rodger Williams, Feng Liu, Tze-Wo Leung, and Ravi Subramanian, 
“A Practical Overview Of Synchronization Status Messaging And Its Applicabil­
ity To SONET Networks,” Proceedings of 1995 IEEE Fourteenth Annual Inter­
national Phoenix Conference on Computers and Communications, pp. 571-577, 
March 28-31, 1995.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



95

[34] Koichi Asatani, Keith R. Harrison, and Ralph Ballart, “ CCITT Standard­
ization of Network Node Interface of Synchronous Digital Hierarchy” , IEEE  
Communications Magazine, Vol.28, No.8 , pp. 15-20, August 1990.

[35] Richard Balcer, John Eaves, Jacques Legras, Robert McLintock, and Tim 
Wright, “An Overview of Emerging CCITT Recommendations for the Syn­
chronous Digital Hierarchy: Multiplexers, Line Systems, Management, and Net­
work Aspects,” IEEE Communications Magazine, Vol.28, No.8 , pp. 21-25, Au­
gust 1990.

[36] Niranjan B. Sandesara, G. Ray Ritchie, and Barbara Engel-Smith, “Plan and 
Considerations for SONET Deployment,” IEEE Communications Magazine, 
Vol.28, No.8 , pp. 26-33, August 1990.

[37] Thomas J. Aprille, “Introducing SONET into the Local Exchange Carrier Net­
work,” IEEE Communications Magazine, Vol.28, No.8 , pp. 34-38, August 1990.

[38] Gerard Bars, Jacques Legras, and Xavier Maitre, “Introduction of New Tech­
nologies in the French Transmission Networks,” IEEE Communications Maga­
zine, Vol.28, No.8 , pp. 39-43, August 1990.

[39] Umberto Mazzei, Arnaldo Palamidessi, Paolo Passeri, and Francesco Balena, 
“Evolution of the Italian Telecommunication Network Towards SDH,” IEEE 
Communications Magazine, Vol.28, No.8 , pp. 44-49, August 1990.

[40] Hiroyuki Kasai, Takehiro Murase, and Hiromi Ueda, “Synchronous Digital 
Transmission Systems Based on CCITT SDH Standard,” IEEE Communica­
tions Magazine, Vol.28, No.8 , pp. 50-59, August 1990.

[41] Mansoor Shafi and Barry Mortimer, “The Evolution of SDH: A View From 
Telecom New Zealand,” IEEE Communications Magazine, Vol.28, No.8 , pp. 
60-66, August 1990.

[42] Patrick Trischitta, Michel Colas, Mick Green, George Wuzniak and John Arena,
“ The TAT-12 /  13 Cable Network” , IEEE Communications Magazine, Vol. 34, 
No. 2, pp. 24-28, February 1996.

[43] Thomas Welsh, Roger Smith, Haruo Azami and Raymond Chrisner, “ The Flag 
Cable System”, IEEE Communications Magazine, Vol. 34, No. 2, pp. 30-35, 
February 1996.

[44] W. Christopher Barnett, Hitoshi Takahira, James C. Baroni and Yoshihiro, “ 
The TPC-5 Cable Network” , IEEE Communications Magazine, Vol. 34, No. 2 , 
pp. 36-40, February 1996.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



96

[45] David R. Gunderson, Antoine Lecroaxt and Koichi Tatekura, “ The Asia Pacific 
Cable Network” , IEEE Communications Magazine, Vol. 34, No. 2 , pp. 42-48, 
February 1996.

[46] William C. Marra and Joel Schesser, “Africa ONE: The Africa Optical Net­
work” , IEEE Communications Magazine, Vol. 34, No. 2, pp. 50-57, February
1996.

[47] A. Hamid Aghvami, Orhan Gemikonakli, and Shuzo Kato, “Transmission of 
SDH Signals Through Future Satellite Channels Using High-Level Modulation 
Techniques,” IEEE. Journal on Selected Areas in Communications, Vol. 10, 
No.6 , pp.1030-1036, August 1992.

[48] Michael J. Miller and Syed V. Ahamed, Digital Transmission Systems and 
Networks, Volume I: Principles. Rockville, MD: Computer Science Press, Inc. 
(1987)

[49] Michael J. Miller and Syed V. Ahamed, Digital Transmission Systems and Net­
works, Volume n : Applications. Rockville, MD: Computer Science Press, Inc. 
(1987).

[50] Herbert Taub and Donald Schilling, Principles of Communication Systems, the 
second edition. New York: McGraw-Hill Publishing Company(1986).

[51] Christina F. Howe, “Synchronization in High-Speed Telecommunications Net­
works,” Proceedings of 1995 IEEE Fourteenth Annual International Phoenix 
Conference on Computers and Communications, pp. 566-570, March 28-31,
1995.

[52] Heinrich Meyr and Gerd Ascheid, “Synchronization in Digital Communications- 
Volume 1 : Phase-, Frequency-Locked Loops, and Amplitude Control. New York: 
Jone Wiley & Sons, Inc. (1990)

[53] John E. Abate, Adolfo M. Montenegro, Edgar W. Butterline, Christopher D. 
Near, Roy A. Carley, Steven H. Richman, Paul Greendyk, and George P. Zam- 
petti, “AT&T’s New Approach to the Synchronization of Telecommunication 
Networks,” IEEE Communications Magazine, Vol.28, No.4, pp. 35-45, April 
1989.

[54] Edward A. Lee and David G. Messerschmitt, Digital Communication, the second 
edition, Boston: Kluwer Academic Publishers(1994)•

[55] H. Jonathan Chao, Thomas J. Robe, and Lanny S. Smoot, “A 140 Mbit/s 
CMOS LSI Framer Chip for a Broad-Band ISDN Local Access System,” IEEE 
Journal o f Solid-State Circuits, Vol.23, No.l, pp. 133-141, February 1988.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



97

[56] Dennis T. Kong, “2.488 Gb/s SONET Multiplexer/Demultiplexer with Frame 
Detection Capability,” IEEE Journal on Selected Areas in Communications, 
Vol.9, No.5, pp.726-731, June 1991.

[57] Thomas J. Robe and Kenneth A. Walsh, “A SONET STS-3c User Network 
Interface Integrated Circuit,” IEEE Journal on Selected Areas in Communica­
tions, Vol.9, No.5, pp.732-740, June 1991.

[58] S. C. Kim and B. G. Lee, “A Signal-alignment theory in rolling-based lightwave 
transmission systems,” IEEE Transactions on Communications, Vol.38, No.1 2 , 
pp. 2119-2130, December 1990.

[59] D. D. Bajic and D. B. Drajic, “On the Optimal Frame Synchronization Markers 
For Channels With Memory,” IEEE Transactions on Communications, Vol. 43, 
No. 2/3/4, pp. 1326-1328, February/March/April 1995.

[60] Robert A. Scholtz, “Frame Synchronization Techniques”, IEEE Transactions 
on Communications, Vol. COM-28, No. 8 , pp. 1204-1212, August 1980.

[61] Ramaiah Velidi, Costas N. Georghiades, “Frame Synchronization for Optical 
Multi-pulse Pulse Position Modulation”, IEEE Transactions on Communica­
tions, Vol. 43, No. 2/3/4, pp. 1838-1843, February /March/April 1995.

[62] Kai Hwang, Advanced Computer Architecture: Parallelism, Scalability, Pro­
grammability, McGraw-Hill, Inc. (1993).

[63] R.W.Sittler, “System Analysis of Discrete Markov Process,” IRE Transactions 
on Circuit Theory, pp.257-266, December 1956.

[64] Denis T.R.Munhoz, Jose Roberto DEMarca, and Dalton S. Arantes, “On Frame 
Synchronization of PCM System,” IEEE. Transactions on Communications, 
Vol. COM-28, No.8 , pp.1213-1218, August 1980.

[65] Shyan-shiang Liu, Joseph L. Hammond, JR., “A Method for Modeling and 
Analysis of the Reframing Performance of Multilevel Synchronous Time Division 
Multiplex Hierarchies,” IEEE. Transactions on Communications, Vol. COM-28, 
No.8 , pp.1219-1228, August 1980.

[6 6 ] Rikio Maruta, “A Simple Firmware Realization of PCM Framing Systems,” 
IEEE. Transactions on Communications, Vol. COM-28, No.8 , pp.1228-1233, 
August 1980.

[67] Martin S. Roden, Digital Communication Systems Design. Englewood Cliffs, 
NJ: Prentice-Hall, Inc. (1988).

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



98

[6 8 ] Peter F. Driessen, “ Improved Frame Synchronization Performance for CCITT 
Algorithms Using Bit Erasures” , IEEE Transactions on Communications, Vol. 
43, No. 6 , pp. 2016-2019, June 1995.

[69] Gerard J. Holzmann, Design and Validation of Computer Protocols. Englewood 
Cliffs, NJ: Prentice Hall, Inc. (1991).

[70] Isabelle Rouvellou and George W. Hart, “Inference of a Probabilistic Finite 
State Machine from its Output,” IEEE Transactions on System, Man, and Cy­
bernetics, Vol. 25, No. 3, pp.424-437, March 1995.

[71] P. Bylanski and D. G. W. Ingram, Digital Transmission Systems. Stevenage, 
UK: Peter Peregrinus Ltd. (1978).

[72] Athanasios Papoulis, Probability, random variables, and stochastic processes, 
the third edition. New York: McGraw-Hill, Inc. (1991).

[73] E. Bryan Came, Telecommunications Prim er Signals, Building Blocks and Net­
works. Upper Saddle River, NJ: Prentice-Hall, Inc.(1995).

[74] R. J. ’’Bert” Murphy, Telecommunications Networks-A Technical Introduction. 
Indianapolis, Ind.: Howard W. Sams & Company(1987).

[75] Udo W. Pooch, Denis Machuel and John McCahn, Telecommunications and 
Networking. Boca Raton, FL: CRC Press, Inc. (1991).

[76] Fred Jennings, Practical Data Communications Modems, Networks and Proto­
cols. Boston: Blackwell Scientific Publications LTD (1986).

[77] Hikmet Sari and George Karam, “Cancellation of Pointer Adjustment Jitter in 
SDH Networks” , IEEE Transactions on Communications, Vol. 42, No. 1 2 , pp. 
3200-3207, December 1994.

[78] Mike Sexton and Andy Reid, Transmission Networking: SONET and the Syn- 
chronouse Digital Hierarchy. Norwood, MA: Artech House(1992).

[79] James R. Yee and Edward J. Weldon, “ Evaluation of the Performance of Error- 
Correcting Codes on a Gilbert Channel”, IEEE Transactions on Communica­
tions, Vol. 43, No. 8 , pp. 2316-2323, August 1995.

[80] ITU-T SG 13 REC. G.826, “Error performance parameters and objectives for 
international, constant bit rate digital paths at or above the primary rate,” 
Geneva, July 1993.

[81] John J. D’azzo and Constantional H. Houpis, Linear Control System Analysis 
and Design. New York: McGraw-Hill, Inc. (1995).

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



99

[82] Luis M. Correia and Ramjee Prasad, “ An Overview of Wireless Broadband 
Communications” , IEEE Communications Magazine, Vol. 35, No. 1 , pp. 28-33, 
January 1997

[83] Walter Honcharenko, Jan P. Kruys, David Y. Lee, and Nitin J. Shah, “ Broad 
band Wireless Access” , IEEE Communications Magazine, Vol. 35, No. 1 , pp. 
20-26, January 1997.

[84] Marc Chelouche, Serge Hethuin, and Louis Ramel, “ Digital Wireless Broad 
band Corporate and Private Networks: RNET Concepts and Applications ” , 
IEEE Communications Magazine, Vol. 35, No. 1, pp. 42-51, January 1997.

[85] Norihiko Morinaga, Masao Nakagawa, and Ryuji Kohno, “ New Concepts 
and Technologies for Achieving Highly Reliable and High-Capacity Multimedia 
Wireless Communications Systems ” , IEEE Communications Magazine, Vol. 35, 
No. 1 , pp. 34-40, January 1997.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.


