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1) Explain the operation of a four wire circuit connected to a two wire 

circuit through a hybrid transformer. Derive the Listener and talker echo 

attenuation. [2.5+2.5+2+3 = 10M] 
 

The term four wire implies that there are two wires carrying the signals in one direction and  

two wires carrying them in opposite direction. In normal telephone service, the local loops are 

two wire circuits, on which a single telephone call can be transmitted in both directions. If the 

distance between the subscribers is substantial, the amplifiers (repeaters) are necessary to 

compensate the attenuation. As the amplifiers are unidirectional, for two-way communication, 

four-wire transmission is necessary. The switching equipment in the local exchange and the  

line from subscriber to local office (local loops) are two wire operation. The local exchange will  

switch the subscriber loop to a toll connecting trunk. This is also a two-wire transmission. 

Telephone and Transmission Systems 35 The toll offices are interconnected with inter tool 

trunks (which connects towns and cities). These trunks are of four-wire transmission. Fig. a 

(below) shows the simple arrangement of the two wire and four wire transmission. 

 
 

A four-wire circuit has amplifiers in its repeaters for each direction of transmission. The 

four wire circuits may be physical four wire or equivalent four wire. For short distances, actual 

four wires used for transmission is referred as physical four wire circuits. But for long distance 

trunks physical four wire is undesirable and usually equivalent four wire transmission is used,  

needing one pair of wires only. The two directions of transmission use different frequency 

bands so that they do not interfere with each other. The two directions are separated in frequency 

rather than space. At the toll office, the two wires are converted into four wire for long  

transmission. A hybrid coil accomplishes this conversion. 

Echos and Singing: 

Echoes and singing both occurs as a result of transmitted signals being coupled into a return 

path and fed back to the respective sources. Coupling will be zero only when perfect impedance 

matching occurs. Impedance matching between trunks and subscriber loop (two wire to four 



wire at hybrid) is difficult due to various subscriber loop lengths. A signal reflected to the 

speaker‘s end of the circuit is called talker echo and at the listener‘s end is called listeners 

echo. The talker echo is more troublesome. When the returning signal is repeatedly coupled 

back into the forward path to produce oscillations, singing occurs. Basically singing results if 

the loop gain at some frequency is greater than unity. An echo coming 0.5 msec after the 

speech is not much effect. The echoes with a round trip delay of more than 45 msec cannot be  

tolerated. Fig. 3.12 explains the path of the echo and the losses and gain of the signals at 

various parts of the system. 

 

Total attenuation from one two wire circuit to the other is  

𝐿2 = 6 − 𝐺4 

 

G4 is Net gain of one side of  four wire circuit (i.e Total amplifier gain minus total line loss) 

 

 



 
 

2) A)Explain the following power levels in dBm and  dBW     [4M]  

 

B) Explain with a neat diagram, the 30 channel PCM frame format with all 

calculations included.     [2+3+1 = 6M] 

 
 



 

 

3) Write in detail on Plesiochronous digital hierarchy.[5+1+2+2 = 10M] 
 

In a PDH network you have different levels of Multiplexers.  

Figure 1 shows three levels of multiplexing:- 

· 2Mbit/s to 8Mbit/s 

· 8Mbit/s to 34Mbit/s 

· 34Mbit/s to 140Mbit/s 

So to carry a 2Mbit/s data stream across the 140Mbit/s trunk requires it to be multiplexed up  

through the higher order multiplexers into the 140Mbit/s trunk and then to be multiplexed down 

through the lower order multiplexers. 

Because Plesiochronous is not quite Synchronous each of the multiplexers need a little bit of 

overhead on their high speed trunks to cater for the slight differences in data rates of the streams 

on the low speed ports. Some of the data from low speed ports (that are running too fast) can be  

carried in the trunk overhead, and this can happen at all multiplexing levels. This is known as  

Justification or Bit Stuffing. 



 

PDH Multiplexing Hierarchy 

Figure 2 shows that there are two totally different hierarchies, one for the US and Japan and  

another for the rest of the world. The other thing to notice is that the different multiplexing levels  

are not multiples of each other. For example CEPT2 supports 120 Calls but it requires more than 

4 times the bandwidth of CEPT1 to achieve this. This is because PDH is not exactly synchronous  

and each multiplexing level requires extra bandwidth to perform Bit Stuffing. So the 

Plesiochronous Hierarchy requires ―Bit Stuffing‖, at all levels, to cater for the differences 

in clocks. This makes it particularly difficult to locate a particular 2Mbit/s stream in the  

140Mbit/s trunk unless you fully de-multiplex the 140Mbit/s stream all the way down to 2Mbit/s. 

2.2 Drop & Insert a 2Mbit/s stream To drop & insert a 2Mbit/s stream from a 140Mbit/s trunk 

you need to break the 140Mbit/s trunk and insert a couple of ―34Mbit/s to 140Mbit/s‖ 

multiplexers. You can then isolate the appropriate 34Mbit/s stream and multiplex the 

other 34Mbit/s streams back into the 140Mbit/s trunk. Then you de-multiplex the 34Mbit/s 

stream, isolate the appropriate 8Mbit/s Stream and multiplex the other 8Mbit/s streams through 

the higher layer multiplexer, into the 140Mbit/s trunk. 

 

 

 

PDH Multiplexing Levels 



 

 



 

 
 

 

 



 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

4) A) four wire system has an overall loss( two wire to two wire )of 1 dB and 

the balance return loss at each end is 6dB.Find i) The singing point ii) 

The stability margin iii) the attenuation of talker and listener echo. [5M] 

 
                                                                        𝑀 = 𝐵 + 𝐿2 dB ........(2.9) 

 

 
B) Explain how the telephone channels are multiplexed by Frequency 

division multiplexing method.  [5M] 

Frequency division multiplexing (FDM) means that the total bandwidth available to the system is 

divided into a series of non overlapping frequency sub-bands that are then assigned to each 

communicating source and user pair. Note that each transmitter modulates its source's 

information into a signal that lies in a different frequency sub-band (Transmitter 1 generates a 

signal in the frequency sub-band between 92.0 MHz and 92.2 MHz, Transmitter 2 generates a 

signal in the sub-band between 92.2 MHz and 92.4 MHz, and Transmitter 3 generates a signal in 

the sub-band between 92.4 MHz and 92.6 MHz). The signals are then transmitted across a 

common channel. 



 
At the receiving end of the system, bandpass filters are used to pass the desired signal (the signal 

lying in the appropriate frequency sub-band) to the appropriate user and to block all the 

unwanted signals. To ensure that the transmitted signals do not stray outside their assigned 

subbands, it is also common to place appropriate passband filters at the output stage of each 

transmitter. It is also appropriate to design an FDM system so that the bandwidth allocated to 

each sub-band is slightly larger than the bandwidth needed by each source. This extra bandwidth, 

called a guardband,allows systems to use less expensive filters (i.e., filters with fewer poles and 

therefore less steep rolloffs). 

FDM has both advantages and disadvantages relative to TDM. The main advantage is that unlike  

TDM, FDM is not sensitive to propagation delays. Channel equalization techniques needed for 

FDM systems are therefore not as complex as those for TDM systems. Disadvantages of FDM 

include the need for bandpass filters, which are relatively expensive and complicated to construct 

and design (remember that these filters are usually used in the transmitters as well as the 

receivers). TDM, on the other hand, uses relatively simple and less costly digital logic circuits.  

Another disadvantage of FDM is that in many practical communication systems, the power 

amplifier in the transmitter has nonlinear characteristics (linear amplifiers are more complex to 

build), and nonlinear amplification leads to the creation of out-of-band spectral components that 

may interfere with other FDM channels. Thus, it is necessary to use more complex linear 

amplifiers in FDM systems. 

 

Example—FDM for commercial FM radio 

The frequency band from 88 MHz to 108 MHz is reserved over the public airwaves for 

commercial FM broadcasting. The 88–108 MHz frequency band is divided into 200 kHz 

subbands. As we saw in Chapter 6, the 200 kHz bandwidth of each sub-band is sufficient for 



highquality FM broadcast of music. The stations are identified by the center frequency within 

their 

channel (e.g., 91.5 MHz, 103.7 MHz). This system can provide radio listeners with their choice  

of up to 100 different radio stations. 

 

5) A)  What are the differences between circuit switching and packet 

switching?                                           [5M] 

 
Example of Delay System or queuing               Example of Lost call system 

 

B) Explain the functions of a Switching system. [5M] 

The basic functions that all switching systems must perform are as follows, 

1.Attending: The system must be continuously monitoring all lines to detect call requests. The  

calling signal is sometimes known as a ‗seize‘ signal because it obtains a resource from the 

exchange. 

2.Information receiving: In addition to receiving calls and clearing signals, the system must  

receive information from the caller as to the called line (or other service) required. This is called  

the address signal. 

3.Information processing: The system must process the information received in order to 

determine the actions to be performed and to control these actions. Since both originating and  

terminating calls are handled differently for different customers, class of service information 

must be processed in addition to the address information. 

4.Busy testing: Having processed the received information to determine the required outgoing  

circuit, the system must make a busy test to determine whether it is free or already engaged on an 

other call. If a call is to a customer with a group of lines to PBX( private branch exchanges), or 

to an outgoing junction route, each line in the group is tested until a free one is found. In an 

automatic system, busy testing is also required on trunks between switches in the exchange. 

5.Interconnection: For a call between two customers, three connections are made in the 



following 

sequence; 

A connection to the calling terminal 

A connection to the called terminal 

A connection between the two terminals 

In the manual system connections, a and b are made at the two ends of the cord circuit and  

connection c merely joins them in the cord circuit. Many automatic systems also complete 

connection c by joining a and b at the transmission bridge. However some modern systems 

release the initial connections a and b and establish connection c over a separate path through the 

switching network. This is known as call-back or crank-back. The calling line is called back and 

the connection to the called line is cranked back. 

6.Alerting: Having made the connection, the system sends a signal to alert the called subscriber.  

E.g. by sending ringing current to a customers telephone.  

7.Supervision: After the called terminal has answered, the system continues to monitor the 

connection in order to be able to clear it down when the call has ended. When a charge for the 

call is made by metering, the supervising circuit sends pulses over the private wire to operate a 

meter in the line circuit of the calling customer. When automatic ticketing is employed, the 

system must send the number of the caller to the supervisory circuit when the connection is  

setup. This process is called calling line identification (CLI) or automatic number identification 

(ANI). In SPC system, the data for call charging can be generated by a central processor as it sets 

up and clears down connections. 

8.Information sending: If the called customer‘s line is located on another exchange, the 

additional function of information sending is required. The originating exchange must signal the 

required address to the terminating exchange (and possibly to intermediate exchanges 

if the call is to be routed through them).  

 

6) With a neat diagrams explain how Two stage crossbar link network inter 

connect 100 incoming and 100 outgoing trunks using switches of size 

10X10, also explain operation of 3X3 crossbar switch. [5+5 = 10M] 



 

 
 



 

 

 


