
 

 

 

 

UNIT 2 

BASEBAND PULSE TRANSMISSION 

 

 

 

 

 

 

 

 

 

 

 



 

INTRODUCTION 

 

In signal processing, a matched filter is obtained by correlating a known signal, or template, 

with an unknown signal to detect the presence of the template in the unknown signal.[1][2] This 

is equivalent to convolving the unknown signal with a conjugated time-reversed version of the 

template. The matched filter is the optimal linear filter for maximizing the signal to noise ratio 

(SNR) in the presence of additive stochastic noise. Matched filters are commonly used in radar, 

in which a known signal is sent out, and the reflected signal is examined for common elements 

of the out-going signal. Pulse compression is an example of matched filtering. It is so called 

because impulse response is matched to input pulse signals. Two-dimensional matched filters 

are commonly used in image processing, e.g., to improve SNR for X-ray. Matched filtering is a 

demodulation technique with LTI (linear time invariant) filters to maximize SNR.[3] It was 

originally also known as a North filter. 

 

MATCHED FILTER 
 

Science each of t he orthonormal basic functions are Φ1(t) ,Φ2(t) …….ΦM(t) is assumed to 
be zero outside the interval 0<t<T. we can design a linear filter with impulse response hj(t), 
with the received signal x(t) the fitter output is given by the convolution integral 
 
where xj is the j th correlator output produced by the received signal x(t). 
 
A filter whose impulse response is time-reversed and delayed version of the input signal is 
said to be matched. Correspondingly , the optimum receiver based on this is referred as 
the matched filter receiver. 
 
For a matched filter operating in real time to be physically realizable, it must be causal. For 
causal system 
 

 

 

 

 

 



 

 

 

 

 

 

 

 

 

 

Φ(t) = input signal  
h(t) = impulse response 
W(t) =white noise 

 
The impulse response of the matched filter is time-reversed and delayed version of the 
input signal. 
 

MATCHED FILTER PROPERTIES 
 

PROPERTY 1 

The spectrum of the output signal of a matched filter with the matched signal as input is, 

except for a time delay factor, proportional to the energy spectral density of the input 

signal. 

 

PROPERTY 2 

The output signal of a Matched Filter is proportional to a shifted version of the 

autocorrelation function of the input signal to which the filter is matched. 

PROPERTY 3 



 

The output Signal to Noise Ratio of a Matched filter depends only on the ratio of the signal 

energy to the power spectral density of the white noise at the filter input. 

 

PROPERTY 4 

 

The Matched Filtering operation may be separated into two matching conditions; namely 

spectral phase matching that produces the desired output peak at time T, and the spectral 

amplitude matching that gives this peak value its optimum signal to noise density ratio 

 

MATCHED FILTER FOR RECTANGULAR PULSE 

• Matched filter for causal rectangular pulse shape 

                        Impulse response is causal rectangular pulse of same duration 

• Convolve input with rectangular pulse of duration T sec and sample result at T sec is 

same as 

                        First, integrate for T sec 

                                Second, sample at symbol period T sec 

                                            Third, reset integration for next time period 

• Integrate and dump circuit 

 

           It is well-known that for a radar waveform x(t) in additive white noise of power , 

the optimum receiver frequency response, in the sense of maximizing the signal-to-

noise ratio (SNR) in the receiver output signal y(t) at a particular instant T, is the 

matched filter impulse response . The corresponding frequency response is . The 

constant α is arbitrary; it affects only the overall gain, but has no impact on the SNR 

achieved or the shape of the receiver frequency response. Henceforth we will assume α 

has been chosen to make the peak gain of equal to 1.  

 

 

 The definition of SNR is the square of the peak signal voltage at t = T, divided by 

the output noise power obtained by integrating the filtered noise power spectral density 

over all frequency:  



 

 When the matched filter is used, the peak SNR achieved can be shown to be , where E is 

the signal energy  

 

 If x(t) is a simple rectangular pulse of unit amplitude and duration τ, E = τ . The problem 

of interest here is what happens when the signal is a rectangular pulse, but the receiver 

filter is, as may be more likely, a bandpass filter (BPF) with cutoff frequency ±B Hz. As the 

BPF cutoff B increases from zero, noise is added linearly to the output. However, signal 

energy is not added linearly. As B increases, the energy in the mainlobe of the pulse’s sinc-

shaped spectrum increases signal output energy fairly rapidly, but after a point, only the 

sinc sidelobes are passed to the output, and the rate of signal energy growth will slow. 

Consequently, there is some choice of B that produces the maximum SNR at the output. A 

narrower cutoff filters out too much signal energy; a wider cutoff allows too much noise 

energy to pass. The goal of this memo is to determine this optimum BPF cutoff Bopt 

analytically, and to confirm the results via simulation.  

 

 
 

ERROR RATE DUE TO NOISE 
 

• To proceed with the analysis, consider a binary PCM system based on polar nonreturn-to-zero 

(NRZ) signaling. 

• symbols 1 and 0 are represented by positive and negative rectangular pulses of equal 

amplitude and equal duration. 

• The channel noise is modeled as additive white Gaussian noise w(t) of zero mean and power 

spectral density NO/2; the Gaussian assumption is needed for later calculations. In the signaling 

interval O < t < Tb the received signal written as: 

 

where Tb is the bit duration, and A is the transmitted pulse amplitude. 

 

• The receiver has acquired knowledge of the starting and ending times of each transmitted 

pulse; 

 

• Given the noisy signal x(t), the receiver is required to make a decision in each signaling 

interval as to whether the transmitted symbol is a 1 or a 0. 



The structure of the receiver used to perform this decision-making process is shown in Figure. It 

consists of a matched filter followed by a sampler, and then finally a decision device. 

  

 

FIGURE 3.3 Receiver for baseband transmission of binary-encoded 

 

 

 

PCM wave using polar NRZ signaling. The filter is matched to a rectangular pulse of amplitude A 

and duration Tb, exploiting the bit-timing information available to the receiver. The resulting 

matched filter output is sampled at the end of each signaling interval. 

 

The presence of channel noise w(t) adds randomness to the matched filter output. 

 

The sample value y is compared to a preset threshold A in the decision device. If the threshold 

is exceeded, the receiver makes a decision in favor of symbol 1; if not, a decision is made in 

favor of symbol 0. 

 

There are two possible kinds of error to be considered: 

 1. Symbol 1 is chosen when a 0 was actually transmitted; we refer to this error as an error of 

the first kind. 

 2. Symbol 0 is chosen when a 1 was actually transmitted; we refer to this error as an error of 

the second kind. 

 

INTER SYMBOL INTERFERENCE 
 

Generally, digital data is represented by electrical pulse, communication channel is always band 

limited. Such a channel disperses or spreads a pulse carrying digitized samples passing through 

it. When the channel bandwidth is greater than bandwidth of pulse, spreading of pulse is very 

less. But when channel bandwidth is close to signal bandwidth, i.e. if we transmit digital data 

which demands more bandwidth which exceeds channel bandwidth, spreading will occur and 



cause signal pulses to overlap. This overlapping is called Inter Symbol Interference. In short it is 

called ISI. Similar to interference caused by other sources, ISI causes degradations of signal if 

left uncontrolled.  

 

This problem of ISI exists strongly in Telephone channels like coaxial cables and optical fibers. In 

this chapter main objective is to study the effect of ISI, when digital data is transmitted through 

band limited channel and solution to overcome the degradation of waveform by properly 

shaping pulse. 
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Transmitted Waveform Pulse Dispersion 
 
 
 

The effect of sequence of pulses transmitted through channel is shown in fig. The 

Spreading of pulse is greater than symbol duration, as a result adjacent pulses interfere. i.e. 

pulses get completely smeared, tail of smeared pulse enter into adjacent symbol intervals 

making it difficult to decide actual transmitted pulse. 

 

First let us have look at different formats of transmitting digital data.In base band 

transmission best way is to map digits or symbols into pulse waveform. This waveform is 

generally termed as Line codes. 

 

NYQUIST ISI CRITERION 

Raised cosine response meets the Nyquist ISI criterion. Consecutive raised-cosine impulses 

demonstrate the zero ISI property between transmitted symbols at the sampling instants. At 

t=0 the middle pulse is at its maximum and the sum of other impulses is zero. 

In communications, the Nyquist ISI criterion describes the conditions which, when satisfied by a 

communication channel (including responses of transmit and receive filters), result in no 

intersymbol interference or ISI. It provides a method for constructing band-limited functions to 

overcome the effects of intersymbol interference. 

When consecutive symbols are transmitted over a channel by a linear modulation (such as ASK, 

QAM, etc.), the impulse response (or equivalently the frequency response) of the channel 

causes a transmitted symbol to be spread in the time domain. This causes intersymbol 

interference because the previously transmitted symbols affect the currently received symbol, 



thus reducing tolerance for noise. The Nyquist theorem relates this time-domain condition to 

an equivalent frequency-domain condition. 

The Nyquist criterion is closely related to the Nyquist-Shannon sampling theorem, with only a 

differing point of view. 

This criterion can be intuitively understood in the following way: frequency-shifted replicas of 

H(f) must add up to a constant value. 

In practice this criterion is applied to baseband filtering by regarding the symbol sequence as 

weighted impulses (Dirac delta function). When the baseband filters in the communication 

system satisfy the Nyquist criterion, symbols can be transmitted over a channel with flat 

response within a limited frequency band, without ISI. Examples of such baseband filters are 

the raised-cosine filter, or the sinc filter as the ideal case. 

Derivation 

To derive the criterion, we first express the received signal in terms of the transmitted symbol 

and the channel response. Let the function h(t) be the channel impulse response, x[n] the 

symbols to be sent, with a symbol period of Ts; the received signal y(t) will be in the form 

(where noise has been ignored for simplicity): 

only one transmitted symbol has an effect on the received y[k] at sampling instants, thus 

removing any ISI. This is the time-domain condition for an ISI-free channel. Now we find a 

frequency-domain equivalent for it. We start by expressing this condition in continuous time: 

This is the Nyquist ISI criterion and, if a channel response satisfies it, then there is no ISI 

between the different samples. 

 

RAISED COSINE SPECTRUM 

 

We may overcome the practical difficulties encounted with the ideal Nyquist channel by 

extending the bandwidth from the minimum value W = R_b/2 to an adjustable value between 

W and 2 W. We now specify the frequency function P(f) to satisfy a condition more elaborate 

than that for the ideal Nyquist channel; specifically, we retain three terms  and restrict the 

frequency band of interest to [-W, W], as shown by 



 

We may devise several band-limited functions to satisfy (1). A particular form of P(f) that 

embodies many desirable features is provided by a raised cosine spectrum. This frequency 

characteristic consists of a flat portion and a rolloff portion that has a sinusoidal form, as 

follows: 

 

The frequency parameter f_1 and bandwidth W are related by 

 

The parameter alpha is called the rolloff factor; it indicates the excess bandwidth over the ideal 

solution, W. Specifically, the transmission bandwidth B_T is defined by 2W - f_1 = W(1 + alpha). 

 

The frequency response P(f), normalized by multiplying it by 2 W, is shown plotted in Fig. 1 for 

three values of alpha, namely, 0, 0.5, and 1. We see that for alpha = 0.5 or 1, the function P(f) 

cuts off gradually as compared with the ideal Nyquist channel (i.e., alpha = 0) and is therefore 

easier to implement in practice. Also the function P(f) exhibits odd symmetry with respect to 

the Nyquist bandwidth W, making it possible to satisfy the condition of (1). The time response 

p(t) is the inverse Fourier transform of the function P(f). Hence, using the P(f) defined in (2), we 

obtain the result  

 



which is shown plotted in Fig. 2 for alpha = 0, 0.5, and 1. The function p(t) consists of the 

product of two factors: the factor {rm sinc}(2 W t) characterizing the ideal Nyquist channel and 

a second factor that decreases as 1/vert tvert^2 for large vert tvert. The first factor ensures 

zero crossings of p(t) at the desired sampling instants of time t = iT with i an integer (positive 

and negative). The second factor reduces the tails of the pulse considerably below that 

obtained from the ideal Nyquist channel, so that the transmission of binary waves using such 

pulses is relatively insensitive to sampling time errors. In fact, for alpha = 1, we have the most 

gradual rolloff in that the amplitudes of the oscillatory tails of p(t) are smallest. Thus, the 

amount of intersymbol interference resulting from timing error decreases as the rolloff factor 

alpha is increased from zero to unity. 

 

 

The special case with alpha = 1 (i.e., f_1 = 0) is known as the full-cosine rolloff characteristic, for 

which the frequency response of (2) simplifies to 

 

 

Correspondingly, the time response p(t) simplifies to 



 

The time response exhibits two interesting properties: 

These two properties are extremely useful in extracting a timing signal from the received signal 

for the purpose of synchronization. However, the price paid for this desirable property is the 

use of a channel bandwidth double that required for the ideal Nyquist channel corresponding 

to alpha = 0. 

 

CORRELATIVE CODING – DUOBINARY SIGNALING 
 

The condition for zero ISI (Inter Symbol Interference) is 

 



p(nT)={1,n=0 

                                                                                {0,n≠0 

which states that when sampling a particular symbol (at time instant nT=0), the effect of all 

other symbols on the current sampled symbol is zero. 

As discussed in the previous article, one of the practical ways to mitigate ISI is to use partial 

response signaling technique ( otherwise called as “correlative coding”). In partial response 

signaling, the requirement of zero ISI condition is relaxed as a controlled amount of ISI is 

introduced in the transmitted signal and is counteracted in the receiver side. 

By relaxing the zero ISI condition, the above equation can be modified as, 

 

p(nT)={1, n=0,1 

                     0, otherwise 

which states that the ISI is limited to two adjacent samples. Here we introduce a controlled or 

“deterministic” amount of ISI and hence its effect can be removed upon signal detection at the 

receiver. 

Duobinary Signaling: 

The following figure shows the duobinary signaling scheme (click to enlarge).  



 

Encoding Process: 

1) an = binary input bit; an ∈ {0,1}. 

2) bn = NRZ polar output of Level converter in the precoder and is given by, 

bn={−d, if an=0 

        +d, if an=1 

3) yn can be represented as 

yn=bn+bn−1={2d,       ifan=an−1     =1 

                   0,        ifan≠an−1 

                          −2d,         ifan=an−1         =0 

Note that the samples bn are uncorrelated ( i.e either +d for “1” or -d for “0” input). On the 

other-hand,the samples yn are correlated ( i.e. there are three possible values +2d,0,-2d 

depending on an and an-1). Meaning that the duobinary encoding correlates present sample 

an and the previous input sample an-1. 

4) From the diagram,impulse response of the duobinary encoder is computed as 

h(t)=sinc(t/T)+sinc(t−T/T) 



Decoding Process: 

5) The receiver consists of a duobinary decoder and a postcoder (inverse of precoder).The 

duobinary decoder implements the following equation (which can be deduced from the 

equation given under step 3 (see above)) 

b^n=yn−b^n−1 

This equation indicates that the decoding process is prone to error propagation as the estimate 

of present sample relies on the estimate of previous sample. This error propagation is avoided 

by using a precoder before duobinary encoder at the transmitter and a postcoder after the 

duobinary decoder. The precoder ties the present sample and previous sample ( correlates 

these two samples) and the postcoder does the reverse process. 

6) The entire process of duobinary decoding and the postcoding can be combined together as 

one algorithm. The following decision rule is used for detecting the original duobinary signal 

samples {an} from {yn} 

If yn<d, then a^n=1 

  If yn>d, then a^n=0 

If yn=0,randomlyguess a^n 

 

CORRELATIVE CODING – MODIFIED DUOBINARY SIGNALING 
 

Modified Duobinary Signaling is an extension of duobinary signaling. Modified Duobinary 

signaling has the advantage of zero PSD at low frequencies (especially at DC ) which is suitable 

for channels with poor DC response. It correlates two symbols that are 2T time instants apart, 

whereas in duobinary signaling, symbols that are 1T apart are correlated. 



The general condition to achieve zero ISI is given by 

p(nT)={1, n=0 

             0, n≠0 

As discussed in a previous article, in correlative coding , the requirement of zero ISI condition is 
relaxed as a controlled amount of ISI is introduced in the transmitted signal and is counteracted 
in the receiver side 

In the case of modified duobinary signaling, the above equation is modified as 

p(nT)={1, n=0,2 

                     0, otherwise 

which states that the ISI is limited to two alternate samples. Here a controlled or 

“deterministic” amount of ISI is introduced and hence its effect can be removed upon signal 

detection at the receiver. 

Modified Duobinary Signaling: 

The following figure shows the modified duobinary signaling scheme (click to enlarge). 

 
Modified DuoBinary Signaling 

 
 
Encoding Process: 

1)an =binary input bit; an ∈ {0,1}. 

2) bn = NRZ polar output of Level converter in the precoder and is given by, 



bn={−d, if ak=0 

      +d, if ak=1 

where ak is the precoded output (before level converter). 

3) yn can be represented as 

yn=bn+bn−2={2d,                    ifak=ak−2=1 

                     0,                        ifak≠ak−2 

                           −2d,                    ifak=ak−2=0 

Note that the samples bn are uncorrelated ( i.e either +d for “1” or -d for “0” input). On the 

other-hand,the samples yn are correlated ( i.e. there are three possible values +2d,0,-2d 

depending on ak and ak-2). Meaning that the modified duobinary encoding correlates present 

sample ak and the previous input sample ak-2. 

4) From the diagram,impulse response of the modified duobinary encoder is computed as 

h(t)=sinc(𝑡/𝑇)−sinc(𝑡 − 2𝑇/𝑇) 

Decoding Process: 

 The receiver consists of a modified duobinary decoder and a postcoder (inverse of 

precoder).The modified duobinary decoder implements the following equation (which can be 

deduced from the equation given under step 3 (see above)) 

b^n=yn−b^n−2 

This equation indicates that the decoding process is prone to error propagation as the estimate 

of present sample relies on the estimate of previous sample. This error propagation is avoided 

by using a precoder before modified-duobinary encoder at the transmitter and a postcoder 

after the modified-duobinary decoder. The precoder ties the present sample and the sample 



that precedes the previous sample ( correlates these two samples) and the postcoder does the 

reverse process. 

 The entire process of modified-duobinary decoding and the postcoding can be combined 

together as one algorithm. The following decision rule is used for detecting the original 

modified-duobinary signal samples {an} from {yn} 

If  yn<d,  then         a^n=0 

If yn>d, then     a^n=1  

                         If yn=0,          randomlyguess   a^n 

 

PARTIAL RESPONSE SIGNALLING 

Partial response signalling (PRS), also known as correlative coding, was introduced for the first 

time in 1960s for high data rate communication [lender, 1960]. From a practical point of view, 

the background of this technique is related to the Nyquist criterion.  

Assume a Pulse Amplitude Modulation (PAM), according to the Nyquist criterion, the highest 

possible transmission rate without Inter-symbol-interference (ISI) at the receiver over a channel 

with a bandwidth of W (Hz) is 2W symbols/sec. 

 

BASEBAND M-ARY PAM TRANSMISSION 

Up to now for binary systems the pulses have two possible amplitude levels. In a baseband M-

ary PAM system, the pulse amplitude modulator produces M possible amplitude levels with 

M>2. In an M-ary system, the information source emits a sequence of symbols from an 

alphabet that consists of M symbols.  Each amplitude level at the PAM modulator output 

corresponds to a distinct symbol.  The symbol duration T is also called as the signaling rate of 

the system, which is expressed as symbols per second or bauds.  



Let’s consider the following quaternary (M=4) system.  The symbol rate is 1/(2Tb), since each 

symbol consists of two bits.  

The symbol duration T of the M-ary system is related to the bit duration Tb of the equivalent 

binary PAM system as  For a given channel bandwidth, using M-ary PAM system, log2M times 

more information is transmitted than binary PAM system. T = Tb log2 M transmitted than 

binary PAM system.  The price we paid is the increased bit error rate compared binary PAM 

system.  To achieve the same probability of error as the binary PAM system, the transmit power 

in <-ary PAM system must be increased. 

 For M much larger than 2 and an average probability of symbol error small compared to 1, the 

transmitted power must be increased by a factor of M2/log2M compared to binary PAM 

system.  The M-ary PAM transmitter and receiver is similar to the binary PAM transmitter and 

receiver.  In transmitter, the M-ary pulse train is shaped by a transmit filter and transmitted 

through a channel which corrupts the signal with noise and ISI. 

The received signal is passed through a receive filter and sampled at an appropriate rate in 

synchronism with the transmitter. Each sample is compared with preset threshold values and a 

decision is made as to which symbol was transmitted. Obviously, in M-ary system there are M-1 

threshold levels which makes the system complicated.  

 

EYE DAIGRAMS 

The quality of digital transmission systems are evaluated using the bit error rate. Degradation of 

quality occurs in each process modulation, transmission, and detection. The eye pattern is 

experimental method that contains all the information concerning the degradation of quality. 

Therefore, careful analysis of the eye pattern is important in analyzing the degradation 

mechanism. 

Eye patterns can be observed using an oscilloscope. The received wave is applied to the vertical 

deflection plates of an oscilloscope and the saw tooth wave at a rate equal to transmitted 

symbol rate is applied to the horizontal deflection plates, resulting display is eye pattern as it 



resembleshumaneye. 

 

• The interior region of eye pattern is called eye opening 

 

 The width of the eye opening defines the time interval over which the received wave 

can be sampled without error from ISI. 

 optimum sampling time corresponds to the maximum eye opening 

 The height of the eye opening at a specified sampling time is a measure of the margin 

over channel noise. The sensitivity of the system to timing error is determined by the 

rate of closure of the eye as the sampling time is varied. Any non linear transmission 

distortion would reveal itself in an asymmetric or squinted eye.  

 When the effected of ISI is excessive, traces from the upper portion of the eyen pattern 

cross traces from lower portion with the result that the eye is completely closed. 



 

  

Example of eye pattern: 

Binary-PAM Perfect channel (no noise and no ISI) 

 

Example of eye pattern: Binary-PAM with noise no ISI 



 

 

 


