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PART – A                         5 × 2 = 10 Marks 

Answer all the questions 

1.  What are the two primary methods used for Error Correction.    (K1) 

 Forward acting error correction 

 Error detection with retransmission 

2.  Define Pulse time Modulation.        (K2) 

Definition of pulse time modulation. : modulation of the time intervals between successive 

pulses of constant duration and amplitude in accordance with a signal; specifically : a system of multiplex 

high-frequency transmission using this method of modulation. 

3.  What are the Standards organization for data communication.    (K1) 

American National Standards Institute (ANSI) www.ansi.org 

Electronics Industries Association (EIA) www.eia.org 

Institute of Electrical and Electronic Engineers (IEEE) www.ieee.org 

International Organization for Standardization (ISO 
 

 

4.  State the need for companding in a PCM System.      (K2) 

For digital audio signals, companding is used in pulse code modulation (PCM). The process 

involves decreasing the number of bits used to record the strongest (loudest) signals. In the digital file 

format, companding improves the signal-to-noise ratio at reduced bit rates. 

 

5.  Define Pulse Amplitude Modulation.       (K2) 

Pulse amplitude modulation (PAM) is the transmission of data by varying the amplitude s          

( voltage or power levels) of the individual pulses in a regularly timed sequence of electrical or 

electromagnetic pulses 

            PART – B                            1 × 15 = 15 Marks 

 

6. (a) Discuss in detail the concept of PCM.       (K2) 



 

 

 

 

 

Pulse-code modulation (PCM) is a method used to digitally represent sampled analog signals. It is the 

standard form of digital audio in computers, compact discs, digital telephony and other digital audio 

applications. In a PCM stream, the amplitude of the analog signal is sampled regularly at uniform 

intervals, and each sample is quantized to the nearest value within a range of digital steps. 

Linear pulse-code modulation (LPCM) is a specific type of PCM where the quantization levels are 

linearly uniform.
[5]

 This is in contrast to PCM encodings where quantization levels vary as a function of 

amplitude (as with the A-law algorithm or the μ-law algorithm). Though PCM is a more general term, it is 

often used to describe data encoded as LPCM. 

A PCM stream has two basic properties that determine the stream's fidelity to the original analog signal: 

the sampling rate, which is the number of times per second that samples are taken; and the bit depth, 

which determines the number of possible digital values that can be used to represent each sample. 
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PCM is the method of encoding generally used for uncompressed audio, although there are other methods 

such as pulse-density modulation (used also on Super Audio CD). 

 The 4ESS switch introduced time-division switching into the US telephone system in 1976, based 

on medium scale integrated circuit technology.
[19]

 

 LPCM is used for the lossless encoding of audio data in the Compact disc Red Book standard 

(informally also known as Audio CD), introduced in 1982. 

 AES3 (specified in 1985, upon which S/PDIF is based) is a particular format using LPCM. 

 On PCs, PCM and LPCM often refer to the format used in WAV (defined in 1991) and AIFF 

audio container formats (defined in 1988). LPCM data may also be stored in other formats such 

as AU, raw audio format (header-less file) and various multimedia container formats. 

 LPCM has been defined as a part of the DVD (since 1995) and Blu-ray (since 2006) 

standards.
[20][21][22]

 It is also defined as a part of various digital video and audio storage formats 

(e.g. DV since 1995,
[23]

 AVCHD since 2006
[24]

). 

 LPCM is used by HDMI (defined in 2002), a single-cable digital audio/video connector interface 

for transmitting uncompressed digital data. 

 RF64 container format (defined in 2007) uses LPCM and also allows non-PCM bitstream storage: 

various compression formats contained in the RF64 file as data bursts (Dolby E, Dolby AC3, 

DTS, MPEG-1/MPEG-2 Audio) can be "disguised" as PCM linear.
[25]

 

 

                                                        (OR) 

    (b) Discuss in detail about UART Transmitter and Receiver.    (K2) 

A universal asynchronous receiver/transmitter (UART /ˈjuːɑːrt/) is a computer hardware 

device for asynchronous serial communication in which the data format and transmission speeds are 

configurable. The electric signaling levels and methods are handled by a driver circuit external to the 

UART. A UART is usually an individual (or part of an) integrated circuit (IC) used for serial 

communications over a computer or peripheral device serial port. UARTs are now commonly included in 

microcontrollers. A related device, the Universal Synchronous/Asynchronous Receiver/Transmitter 

(USART) also supports synchronous operation. 

The universal asynchronous receiver/transmitter (UART) takes bytes of data and transmits the individual 

bits in a sequential fashion.
[1]

 At the destination, a second UART re-assembles the bits into complete 

bytes. Each UART contains a shift register, which is the fundamental method of conversion between 

serial and parallel forms. Serial transmission of digital information (bits) through a single wire or other 

medium is less costly than parallel transmission through multiple wires. 
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The UART usually does not directly generate or receive the external signals used between different items 

of equipment. Separate interface devices are used to convert the logic level signals of the UART to and 

from the external signalling levels, which may be standardized voltage levels, current levels, or other 

signals. 

Communication may be simplex (in one direction only, with no provision for the receiving device to send 

information back to the transmitting device), full duplex (both devices send and receive at the same time) 

or half duplex (devices take turns transmitting and receiving). 

Data framing 

 

The idle, no data state is high-voltage, or powered. This is a historic legacy from telegraphy, in which the 

line is held high to show that the line and transmitter are not damaged. Each character is framed as a logic 

low start bit, data bits, possibly a parity bit, and one or more stop bits. In most applications the least 

significant data bit (the one on the left in this diagram) is transmitted first, but there are exceptions (such 

as the IBM 2741 printing terminal). 

The start bit signals the receiver that a new character is coming. The next five to nine bits, depending on 

the code set employed, represent the character. If a parity bit is used, it would be placed after all of the 

data bits. The next one or two bits are always in the mark (logic high, i.e., '1') condition and called the 

stop bit(s). They signal the receiver that the character is completed. Since the start bit is logic low (0) and 

the stop bit is logic high (1) there are always at least two guaranteed signal changes between characters. 

If the line is held in the logic low condition for longer than a character time, this is a break condition that 

can be detected by the UART. 

Receiver 

All operations of the UART hardware are controlled by a clock signal which runs at a multiple of the data 

rate, typically 8 times the bit rate. The receiver tests the state of the incoming signal on each clock pulse, 

looking for the beginning of the start bit. If the apparent start bit lasts at least one-half of the bit time, it is 

valid and signals the start of a new character. If not, it is considered a spurious pulse and is ignored. After 

waiting a further bit time, the state of the line is again sampled and the resulting level clocked into a shift 

register. After the required number of bit periods for the character length (5 to 8 bits, typically) have 
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elapsed, the contents of the shift register are made available (in parallel fashion) to the receiving system. 

The UART will set a flag indicating new data is available, and may also generate a processor interrupt to 

request that the host processor transfers the received data.Communicating UARTs usually have no shared 

timing system apart from the communication signal. Typically, UARTs resynchronize their internal 

clocks on each change of the data line that is not considered a spurious pulse. Obtaining timing 

information in this manner, they reliably receive when the transmitter is sending at a slightly different 

speed than it should. Simplistic UARTs do not do this, instead they resynchronize on the falling edge of 

the start bit only, and then read the center of each expected data bit, and this system works if the broadcast 

data rate is accurate enough to allow the stop bits to be sampled reliably.It is a standard feature for a 

UART to store the most recent character while receiving the next. This "double buffering" gives a 

receiving computer an entire character transmission time to fetch a received character. Many UARTs 

have a small first-in, first-out FIFO buffer memory between the receiver shift register and the host system 

interface. This allows the host processor even more time to handle an interrupt from the UART and 

prevents loss of received data at high rates. 

TransmitterTransmission operation is simpler as the timing does not have to be determined from the line 

state, nor is it bound to any fixed timing intervals. As soon as the sending system deposits a character in 

the shift register (after completion of the previous character), the UART generates a start bit, shifts the 

required number of data bits out to the line, generates and sends the parity bit (if used), and sends the stop 

bits. Since full-duplex operation requires characters to be sent and received at the same time, UARTs use 

two different shift registers for transmitted and received characters. High performance UARTs could 

contain a transmit FIFO (first in first out) buffer to allow a CPU or DMA controller to deposit multiple 

characters in a burst into the FIFO rather than have to deposit one character at a time into the FIFO. Since 

transmission of a single or multiple characters may take a long time relative to CPU speeds, a UART 

maintains a flag showing busy status so that the host system knows if there is at least one character in the 

transmit buffer or shift register; "ready for next character(s)" may also be signaled with an interrupt. 
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