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Welcome back to real time digital signal processing course so hope you have enjoyed the course 

today we will look at the summary of the course. 

(Refer Slide Time: 00:33) 

 

We started the course with introduction so we know in real world all the input is in analog domain 

so that is what we have seen here is a time domain signal what we are taking it. And then we are 

going to do the sampling using our ADC basically, so ADC can be either 8 bit or 12 bit or 

depending on the latest 1 sigma delta ADC’S we can go up to 16 bit ADC conversion. Then we 

will be converting it into a digital signal 𝑥(𝑛) o  

 

So then we are going to do the quantization because we know number of bits what we want to 

represent it. So in our case we have taken it as 16 bit basically in all our processor applications so 

we can convert it into 16 bit. And then do the quantization with respect to that and then we have 

to do encoding of this quantize signal into the number representation. So that is how we will get 

the digital output, but this constraint what we said was in the real time signal processing. 

 



So if I take my clock as this way so we know that this is my time period what we are discussing 

about it or 𝑡 = 1/𝑓𝑠  is my sampling frequency. So the First different sampling frequencies what 

should be a real time constraint one has to look at it, so the bottom table what it gives is different 

applications what we have in the real world basically. One is the speech coding or decoding one 

can use the ITU standard basically G.729 or 723 and the, which requires a sampling frequency of 

8 kilohertz. 

So we must be able to complete both, decoding or encoding within this time period. So and the 

time second in that is what we give it as T = 125 microsecond. And in the case of wideband 

telecommunication speech coding which uses g.722 or 72.2, so we know that the sampling 

frequency is 16 kilohertz. So our f s has to be 16 kilohertz and we must be able to finish our 

computation time in 62.5 microseconds time period. 

 

And when you go for the high fidelity audience compression like; mpeg2 or your AAC standard 

or MP3 standards or DOLLBY, so you know that they have operated 48 kilohertz. So within 

20.833 micro second I must be able to finish my sampling quantization encoding and even the 

computation of my signals and even outputting which has to be carried out, so that is what our real 

time constraint what we have put it. 

(Refer Slide Time: 03:46) 

 

So the other way of looking at is it depends on application what we are choosing; so here only 

three what it is listed so we have umpteen number of applications. So we have to define our system 

requirements in this case and develop the algorithms and perform simulation. And then if we are 



using the DSP processor which DSP chip we have to select it we have to select it, or the devices. 

So if you are having your own design either you can do your design in VLSI or in FPGA. 

 

So most of the application we want to try it on field programmable gate arrays and if we have a 

requirement of many numbers basically then we can go in for the VLSI design. So the other the 

two legs what we will be taking is software development is going to happen and then hardware 

development. So now it is it is going to be what we call it as hardware and software code designed 

together they have to go hand in hand so that both the things match simultaneously.  

 

Otherwise all of us know that hardware multiple units come out and then we may not be accessing 

most of it because software is the must, most costlier to develop basically. So then usually we 

combine these to do the system integration and then check if it is going to satisfy our requirement 

or we may have to go back and select different algorithms for this application. Then once 

everything is finalized then we will be doing the testing and debugging. So once the product is 

ready you can give it in the market. 

(Refer Slide Time: 05:43) 

 

So different architectures what we went through in this course so the first one was all of us know 

Von-Neuman architecture so we have the processor and then memory is single memory. So both 

address and data resides in the same memory and then we will be using the address and database 

to access this. So for our DSP applications most of the applications we set that it is of this nature 



that is 𝑦(𝑛) = 𝜎. So 𝑥(𝑛 − 𝑘)ℎ(𝑘) so this is our most of the applications what we said we need 

multiplication and then addition simultaneously. 

 

And then we have to access two inputs at a time and then we may have to write one output. So for 

that reason so von-Neuman architecture is not sufficient so we said Harvard architecture was 

developed for this purpose. So what is this it has separate program memory and then data memory 

and even address and then data base for them is separate. So in spite of developing the thing so 

will be instruction fetch we can get it from the program memory but data still we have one data 

memory. 

 

So if we keep on adding now the hardware architecture is going to increase. So what it was decided 

because most of the if we are talking about the filter then we know that filter is designed much 

earlier in real time we will be using only those filter coefficients to pass it through our input. So 

this one can be stored in our program memory and both and then input data is going to come into 

the data memory and then we can access them simultaneously. 

 

And then now we can one more multiplication what we said was we will go with the Braun 

multiplier so which is a much faster. So we said that these are the two inputs for four bit what we 

drew are Braun multiplier. So in this case we are going to have an, and gate before the data comes 

into our Braun multiplier. So as you will be seeing that the longest part delay in this is going to be 

as you are seeing that from this path to the final output. 

 

So to reduce this also we can have pipelining in between stages, so that we looked into pipeline 

architecture later on. So and we know that we need a shifting operations because we said that the 

input is going to be represented that is my x of n is the input which is going to be in between 1 and 

- 1 and then 1 this is the range what I will be considering it. So what we have to do is it has to be 

shifted on the go, so most of the shifting operation we can use the barrel shifter. 

 

Either we can do a left shift or right shift even the output is exceeding certain limit then we have 

to do shifting of the thing before we feeding it to the next stages. So we can use the hardware barrel 

shifter, so which is going to do the shifting operation in 1 clock cycle. So if I want to shift 5 bits 

basically in normal cases in the sequential it will take 4, 5 clock cycles whereas using the barrel 

shifter I can finish it in 1 clock cycle, so that is what we saw the thing. 



 

Next is coming to the memory architecture, so how we are going to have the memory because we 

as far as possible we want to have a latency of accessing our data writing into the memory, or 

reading from the memory, storing has to be minimized. But the architecture defines that we cannot 

have whatever our wish so based on the things of what we have is we will be having along with 

the CPU some of the registers, will be having it.  

 

So that the fastest one as you can look at it that is what we discussed it and we will have some this 

thing l 1 and l 2 memory which are little away from the CPU but they are much closer so their 

access is minimized. And then we have larger memories down the lane, so this triangle gives you 

how the access time is going to be. So the least one you will be seeing that are keyboard, mouse, 

and other things here even some of the tape readers what we had it earlier. 

 

And then we will be seeing that ROM and then our removal devices and other things will be much 

slower compared to this; this is how the memory hierarchy we went through in the class. 
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So then we said that for increasing the speed of our computation we can go with pipelining and 

parallel architecture. So our intention was to get within 1 clock cycle we have to get the, whatever 

the input clock our output should be available in the same clock cycle. So every clock cycle I want 

to have the output whatever my computation is going to be, so one of the way of looking at is we 

can have a instruction pipeline. 



 

So most of the DSP processors have 5 stages of pipeline so that when the first stage is instruction 

one what it is happening. So later on when instruction one moves to step 2 basically so the next 

instruction can be fetched. So when instruction one is getting decoded in step 2. So in the next 

stage you are going to access your data basically that is instruction one moves to get the data in 

the third clock cycle. And then you will be passing the decoding of instruction two is happening 

and then you are trying to fetch instruction 3. 

 

And then in step 4 and 5 I can have the execution, so most of the time it is step 5 is our execution 

can be from 1 clock cycle to multiple clock cycles it may take depending on the hardware what we 

are going to use it. So most of the DSP processor we know that our add is going to be in 1 clock 

cycle what I can fetch the I can complete my execution whereas my multiply MPY operation is 

going to take 2 clock cycles. 

 

Whereas my, this thing what is it we have a load and then store architecture what we said it is 

going to take 4 clock cycles. And branches in all this DSP pre-processor 6, 7 what I have 

considered that is DSK or 6713 and then 6748 LCDK board from the TI they take branching of 5 

clock cycles. So these are the computation that is execution times what we need it in this. So these 

are basically a load and clock load and store architecture what we call it so we know how much 

clock cycle each instruction is going to take. 

 

Some of the instruction I will come in a while we may not know how much clock cycles then we 

called them as this thing complex instruction cycle basically you would have heard of risk and 

sisk. So DSP processor most of the time 80% it is going to use is a risk architecture and 20% for 

our circular buffering and then what we call it as FFT operation we have to bit reversal  has to 

happen, they use sisk architecture for that. 

 

And this is pipelining what we call it and then m the parallel operation so we said that our DSP 

processor has a, 2 functional units in them. So parallely I can do my operations that, is this has 

four functional blocks within each side there are two sides and then four functional blocks in each 

side. So if I operate them in parallel so 8 functions what I can operate in parallel and each is 32 

bit. So we have a data width of 256 bits for this to get the complete instruction in one clock cycle. 

 



So we said that when we do 2 this, thing sides of it we can do them in parallel. So how the delay 

is going to be here if it was taking for  8 clock cycles here you will be seeing that within 4 t what 

I can finish one side of it the other side. And then finally the output from both the side I have to 

add them up and give my y of n output. Although we say that 2 units are there I should be 

completing within half the clock cycle of the original one but you will be seeing that there will be 

some delay so we will not be getting exactly that computation done in half the clock cycle. 
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So the next one was our number system what we discussed that is we said that we can represent 

floating point and then fixed point number system. So all of you know about the floating point so 

just I will put one of the slides with respect to that. So what was the fixed point signed integer 

representation we said the number can be represented between −2𝑛−1 ≤ 𝑥 ≤ 2𝑛−1.  

 

And how it is going to represent it so we are will be considering that is −𝑠.  2𝑛−1 and we are not 

giving any bit for our binary point representation. So we will be considering 𝑏𝑛−2 . 2𝑛−2 + 𝑏𝑛−3 . 

2𝑛−3 + . . . + 𝑏1 . 21 + 𝑏0 . 20. The most negative value what I can represent with this number 

system is −2𝑛−1. So in because we have considered n = 16 bit in our processor. 

 

So it the most negative value what I can represent with representation is 0 x 800 in hex basically 

or we call it as - 32768 is the value in decimal what I can represent. And the most positive value 

in this format is 2𝑛−1 − 1 what I can have although we put - 1 to 1. So I would not be able to 



represent + 1 in this format so the maximum what I can represent is 0 x7 FFF in hex so which 

comes out to be + 32767 is the maximum value of what I can represent with this number system. 

 

So you are seeing that a different format what we considered in our representation that is q15 

format means that it is 0.15. And the largest value as you can see the thing and the least negative 

value is – 1, and the precision what I am going to get it with respect to this number system is the 

as it is given. So like that we can go last one is the integer representation that is a q 15.0 format or 

q 0 format what we call it so in that case the number in decimal what I will be representing is 

32767 to – 32768. 

 

So the precision is going to be 1 between the 2 bits that is LSB bit 10 the next bit that what I will 

have precision is 1. So as we know that we need high precision for most of our speech or audio 

processing so q15 format what will be using get in our application. And we know that the 

multiplication is going to have what is it 30 bits it represents because both are in q15 format both 

inputs that is 16 bit memory what I have taken the thing. 

 

So when I multiply it so we will be getting 2 sign bits basically from both the thing depending on 

if both are positive these two will be positives. So if one is negative one is positive so it is going 

to be both are going to be negative. And then both are negative then will be having positive in the 

sign bit representation so we call this as a extension of the sign bit. And we will be discarding this 

and then we will be taking the 15 bits that is MSB bits from our output and will be storing it in the 

memory, this we call it as truncation when I am doing it. 

 

So if I know that my most of the values are in this higher 16 bits then I will say that I can do the 

truncation. But sometimes what happens is a rounding may be required because I may have most 

of them are 1 in the LSB bits. Then what I consider my 14 bit if it is 1 then I can add 1 to this and 

then store the number in again back in the q15 format. So in that case I will be accounting for 

additional computation so which we have to pick otherwise the simplest one is doing the 

truncation; so proper care is taken so that the results are within this higher bits. 

(Refer Slide Time: 21:37) 



 

So then we went on to compare with the floating point number system so we said that will be using 

the IEEE. Basically IEEE 754 format which is the standard one everybody uses so the 32-bit 

representation what it is shown here. So you will be having one sign bit and then exponents are 

represented with the 8 bits we said it is a biased what I will be representing them with, and then 

the fractional is 23 bits. 

 

And then we know that there is a binary point here for our fractional representation which does 

not require any bits for it. And what is the representation it is (−1)𝑠 x 2(𝐸−𝑏𝑖𝑎𝑠)  𝑥 (1 + 𝐹) because 

we assume that there is a one value before our point and then I will be representing this 23 bits for 

the fractional representation. So we call this is a bias so that is what happens to my negative 

numbers I can have exponent both positive then e can be both positive and then negative. 

 

So how I will be representing it so that is how we have the bios what we have given the thing so 

what we have is this is – 127 to + 128 is the number what I can represent with 8 bits in sign format. 

So what we do is instead of this representation so we shift this one to 0 here which is equivalent 

to - 127 and this one will be shifting up to 256. So that is how we will be having exponent - buyers 

whatever x is 7 bit what I have given the thing, so which will be computing it. 

 

And we went on to discuss about some of the problems both in a fixed point multiplication addition 

and then the floating point addition and multiplication how we have considered it. So most of the 

architecture as we know that multiplication is going to be multiply the fractional bit since floating 



point and add the exponent basically, or to get the result. So but whereas addition if you are doing 

the; addition of two numbers then you have to bring them into the same exponent and then add 

them up. 

 

So what we say is in 6713 is a floating point processor so which takes approximately if it has to 

do maximum adjustment it will take 10 clock cycle to 2 addition, as you can see in the fixed point 

processors it takes only one or 2 clock cycles. So 1 clock cycle to do the addition and 2 clock cycle 

to do the multiplication. So whereas 6713 is a floating point process 6748 is a dual processor, that 

is I can do either fixed point operations or floating point operations, both can be incorporated in 

the thing if we are writing our code in assembly. 
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So coming to the thing we said that why we need pipelining and parallelism although I have we 

considered it for a low power applications basically. So we know that our typical computation time 

what we said was this is my 𝑡𝑝 is my computation time and then 𝑡0 is for whatever IO operations 

what I have it together it should be less than or equal to 𝑡. So most of the applications we say; 𝑡𝑝 

has to be approximately what we call it as a 40% only the time what I will be getting it. 

 

So the rest of the things goes in getting the data in and then adjusting it and then sending the data 

out. So some cases if you are completely knowing about this operation we can make it as 50% and 

50% time what is allocated for your computation as well as your IO operations. So then we said 

this is the parallelism if there are no dependencies then I can use the parallelism. And then if this 



thing we took an example of water pipe how the water is going to flow, so we will be seeing that 

the pipelining architecture is going to go in this way. 

 

So what are the pipelining hazards basically so if the complete pipe is full, what we call it if it is 

full. And at the starting itself I get a branch basically, so if the code is not properly written if I have 

a branch lot of branching in between. So then what happens, whatever which has come into the 

pipe which has to be flushed. And then you at the branching place again you have to put your pipe 

and then you have to go with the instructions which are following it. 

 

And if you it so happens that if again if it happens after one this thing you are going to branch it 

then you will be seeing that whatever you have designed for getting the speed you may not achieve 

it may work at a lesser speed than in the sequential code basically. So one has to take care such 

that the branches are avoided as far as possible or usually what we do in the assembly program is 

we do the delayed of it. 

 

That is will have the branch here but we will be putting some of the instructions which can be 

operated because as I was mentioning it may take branching takes 5 clock cycles. Before that if 

there are no dependencies  I can operate those clock cycles. So I will be saving those 5 clock cycles 

by the time the branch is going to happen so that my flushing of the pipe is going to be reduced. 

 

So and then how we are going to write our code in basically so most of the thing we said we will 

have it c programming most of our applications what we discussed was both in MatLab and then 

in the DSP processor only we concentrated on the c programming we did not have time to do 

assembly programming those who are interested you can go through the textbooks and then see 

and then work on the assembly programming. 

 

So we have the compiler there and we have the compiler options also for branching and other 

things how we can minimize optimization one can do it. Up to 3 optimizations you can have it so 

they give it as O1, O2, and then O3 basically so for different loop optimization we can incorporate 

and then use it. So we generate the machine code here in our case we said it is a COFF file what 

we are going to generate it for our boards. 

 



And then we will be linking with the libraries, and then loading onto the board, and then we will 

be doing the execution, data input data is going to be given from codec if it is we are considering 

the real time. If it is not real time it can be stored in a memory and then it can be used. And then if 

we are working on the real time thing output goes out of the board or you can store it in the memory 

for further usage. 
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So then we said that how we can use this pipelining and then parallelism for the low power. So for 

that we discussed about little on the concept, how we are going to have the pipelining architecture 

developed from the existing one. So we said that the longest path delay is the time taken to compute 

our output. So in this case it is going to take four unit of time so what we are going to do is I am 

going to put a cut set so we said that it is only in the feed forward path what we had the cut sets. 

 

And then as it shows there is an error so we have to put a delay line or a buffer what we are going 

to put it since you are cutting this line also, so you have to put a delay. So all the lines wherever 

you have cut the thing you will be having the delay. So that is how in the FIR filter this is what the 

example what we took it so which was taking 1 multiplication and then 2 clock cycles for our 

addition. 

 

So; how we can reduce 1 clock cycle for multiplication and 1 clock cycle for addition by putting 

the feed forward cut set it here and introducing the delay. So what is the disadvantage of it is will 

be adding the hardware to this structure and the First output is going to be delayed by 1 clock cycle 



in this case and later on we will be getting every one by I will put it as 𝑇 multiply + 𝑡0 I will be 

getting my output from the structure. 

 

So we said that can we avoid this cut set by doing modification to our structure itself we said that 

transpose the filter structure. So this is how we did the filter transpose structure that is input and 

output were reversed and even all the whatever you had the feed forward one you have reversed 

them. So by doing that so we call this is a broadcast structure so 𝑥(𝑛)  is broadcast to all the legs 

basically and you will be having the delay in it and then you will be multiplying. In this case each 

this thing node you will be seeing the delay is 1 multiplication and 1 addition what you will be 

getting the output. 
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So then we went on to say why pipelining there are restriction to the thing because as I have already 

said because of the pipeline hazard so we may not have more than 3 to 4 cut set at the most. Most 

of the time we will have only 2 to 3 that is a maximum, not even the fourth one okay. So beyond 

that how we can want to have what is its speed or in the case of you are considering the computation 

time or from the power point of view both the pipeline or parallelism is going to reduce this the 

power consumption. 

 

So you will be seeing that how we can convert from serial to parallel structure and then parallel to 

serial, so we said the critical path in this case is the communication. If communication between 

the two units becomes much more than the computation it is better to go for parallel architecture, 



so that is the restriction. So what is the power basically this is the propagation delay what we have 

put it. 

 

So which is going to have the charge capacitors and our, the input voltage is v naught, and then 

this is directly proportional so we are putting the constant k in the, this thing here basically, and 

then we have v t is the threshold. Above which our transistors are going to switch on as we know 

that most of the TTL transistors you know that 0.8 volts is the cutoff point above that what you 

will be taking it as on and then below that is going to be off. 

 

And then if they are operating at 5 volts so the power consumption is as you can see it is 

directionally proportional to the capacitors that are being used in the computation. And you will 

be seeing that it is the one which is proportional to square of your input voltage. So whether we 

can operate it sub optimal voltage because which is the dominant we will call it as the unit in our 

power consumption, so we can reduce our power quite considerably. 

 

And it is directly proportional to frequency so if I want to operate at higher frequencies we will be 

going with parallelism or pipelining. But if I want to operate at the same frequency but at reduced 

power consumption then I can go with red optimal what is it input voltage what we can operate. 

So the equation what it was given for the sequential one is given by this equation that is 
𝐶𝑐ℎ𝑎𝑟𝑔𝑒𝑉0

𝑘(𝑉0−𝑉𝑡)2
 

and then 𝑓 is given by 1/𝑇𝑠𝑒𝑞 , that is the frequency of operation. 
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So how we reduce the power by pipelining that is m stages of pipeline what we will be considering 

it by substituting in equations. So this is what we do the left hand side and right hand side will be 

putting it along with the sequential what we are considering are pipelined 1. And then we will be 

assuming beta is the value by which I can reduce my operating voltage. So we will be considering 

calculating this beta and then we went on to show that in the sequential 1 the, whatever our p 

reference takes 12 units of time whereas in the case of pipeline without reducing 𝑓0, so we can 

operate it 2 times the 𝑃𝑟𝑒𝑓. 

 

And the clock period is going to be reduced to 6 unit of time. So if we use the reduced voltage that 

was reduced to 0.364 times the 𝑃𝑟𝑒𝑓 basically but I am operating at the same frequency as the 

original one. 
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So then we considered both the parallel and pipeline how we are going to consider the power 

consumption with respect to propagation delay we calculated so we have the l 𝑇𝑠𝑒𝑞 = 𝑇𝑝𝑎𝑟 what 

we will be having it. And then based on our pipeline as we can see that it is 𝑇𝑠𝑒𝑞 is equal to 𝑇𝑝𝑖𝑝 

what will be calculating it. So the equations have been propagation delays have been given in this 

and will be solving l and then m values. And we can combine both what is it pipeline and 

parallelism to get 𝑙/𝑚 will be the operating voltage of our circuits. 
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So later on we went on to define our filters so we said the common filter what you can see this is 

the original signal and then you have multiple components which got have added with it and either 

we can do low pass filtering to get one of them. And then or do the high pass filter to get the 

multiple of the thing, or I can select one of them to do the band pass filter. Or I can do the notch 

filters so that I will be eliminating these two and then I will be trying to get one of them, from the 

thing this is what we discussed. 
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And then we went on to discuss about FIR filter how FIR filter can be used in the linear phase 

response. Only a normal FIR filter is not a linear phase how do we represent the magnitude and 

then a phase of the signal is given here that is a |𝐻(𝜔)|𝑒𝑗∅(𝜔). Where our ∅(𝜔) = −𝜔𝑛0 when we 



are going to achieve this linear phase is when the we consider the symmetric coefficients basically 

that is ℎ(𝑛) = ±ℎ(𝑀 − 1 − 𝑛), 𝑛 = 0,1, … ,𝑀 − 1, M is the order of the filter. 

 

So we discussed about how we can design our FIR filter in our digital domain using Hamming 

window, Hanning window, and then Blackman window with a different responses. Depending on 

what you want the peak that is - 20 log delta whatever the cutoff frequency what you want to have 

it whether you need it 21 db down the lane or - 44 db or up to 74 db what blackman can give. 

 

And then we said that main lobe is going to be the smallest one for rectangle window and then as 

you will be seeing that Blackman has the next lowest one and then it will be same for both hamming 

and then hanning. So as one comments here energy neither can be created nor demolished basically 

what we say so how we are going to distribute the energies in the windowing thing. 

 

So if you distribute more energy in what you will see that in the main lobe then the side lobes is 

going to be reduced. Basically you what you will have it or so the main lobe has what you say 

narrow basically then you will be seeing that peak side lobes what you will be having it and then 

you have to have one of them compromise on the thing. 
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So what are the design stages for our filters basically, so we are going to start we will be specifying 

some of the performance and then we will be doing the filter coefficients calculation using the 

MatLab what we said. Either it can be a FIR filter or IIR filter and then we have to define our 



realization structure what we wanted. So whether we want the linear phase for FIRr filter or IIR 

filter cascading section. 

 

And then we will be looking at the finite word length effects analysis and solution and later on we 

will be putting them onto the hardware and our software implementation. And then will be going 

with the testing. So any of the stage if you are not satisfied the thing so you will be going back to 

change the either the structure or you can calculate your filter coefficients by doing little bit 

narrowing or widening the thing. 

 

And then or you have to go back to specify your thing modify that itself so you will be doing all 

this redesign if none of them satisfy you may have to go back finally to this and then come down. 

And then we went on to say what are the errors that are creeping in our digital signal processing 

or using the digital signal process. So one is the ADC quantization error, and then we had the 

coefficient quantization error we looked at it, and then there is a overflow error from our signal 

processors, and then finally when we are representing at the output we will have the round off 

error. 
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So we set in IIR filter from the FIR filter we went on to design our IIR filter so we said direct one 

form and direct 2 form what are the advantages and disadvantages basically. So our storage is 

minimized in this and whereas here it is twice in this case and the problem with respect to these 2 



is here if there are positive and negative values. So because you have only one summation unit 

here so it may get nullified. 

 

Whereas in the direct form two cascade section so both negative also is getting added and then 

here it is the positive addition what it is going to happen. So, all of us know that multiplication is 

not going to cause overflow but addition can cause us overflow in this case. So this is one of the 

disadvantage what we have to bear with our direct 2 form. And we went on to say that our 

coefficient as in case of FIR filter we can represent it in q15 format but in the case of IIR filter it 

is not possible to represent it. 

 

Because the maximum and then minimum value what we will be getting is - 2 to 2 so that is what 

we went on to show with this triangle basically. So we have to represent coefficients in q13 format 

for all our IIR filter applications. And we said that this how we are going to combine your most of 

the time we have the complex conjugate poles basically and 0’s will also be occurring. 

 

How we can combine them that is the which is from the 0 which is farthest in the pole positions 

which is going to be combined with the nearest 0’s in the nearest to the 0 basically and then so on 

what you will be applying it. So that any disturbance in the thing it is going to be minimized so 

this has one has to work it has been over the years one has worked out. And we know that in IIR 

filter we will be designing our filter in using the analog domain and will be doing the 

transformation. 

 

So we know that most of them are butter worth filter what will use it, or Chebyshev 1 and then 2 

basically, and then the elliptic filter what we can design using in the unlock domain. So this has 

we know that it has a narrow steep of what we discussed it and here is this thing what Chebyshev 

1 has a little ripple and then flat response. And then Chebyshev 2 is you will have a ripple in the 

pass band and then the flat response. And elliptic will have both ripple and pass band and then stop 

band. 

 

And then we know that this is the lowest order filter what we can design and we went on to design 

a sine generator in the oscillatory mode. And the same oscillatory mode can be designed for the 



quadrature oscillator both you will be getting sine and then cosine output basically that was the 

application. 

(Refer Slide Time: 46:42) 

 

And then we went on to say that how the scaling is one of the important one in the case of IIR 

filter so either we can have l 1 norm or l 2 norm or l infinity norm. So we said that for hand 

calculation and other things we can use our pole positions a 1, a 2 coefficients to calculate our l 2 

norm. So and then l infinity we have to calculate the fourier transform and then maximum of the 

value what we have to take it. And then went on to show that our l 2 norm is the minimum what 

we can calculate which is less than l infinity which is less than l 1. 

 

So we say that 𝑓(𝑘) is the impulse response from the input or output of first adder so that is w of 

1 what we take it that the magnitude of it and you have to do summation and then calculate your 

scaling factor in this. 
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So later on we went on to discuss about adaptive filters I thought filters I will complete it and then 

go to my DFT and then FFT, and then DCT we can combine the thing. So we discussed about auto 

correlations, little bit on cross correlation, and we went on to see little bit on random variables how 

to calculate our mean and variance. And then we said that why do we need the adaptive filters so 

if we have the input and then the noise is known then you can design either FIR or IIR filters. 

 

Where you do not know the noise you have to adapt it to the scenario so then in that case it is better 

to go with adaptive filters. So this is the adaptive algorithm so these are the digital filter which 

weights can be adjusted based on my error function. If I know the desired signal so my output is 

going to be subtracted and try to minimize on the error and then adjust my weights. These are the 

equations what we considered and we went on to show that it needs 2 l addition and then 2 l + 1 

multiplications to do my adaptive filter. 
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So the practical applications few of it what we discussed only I have listed three here so that is one 

is the adaptive system identification. If I unknown system what I have with whether I can predict 

what is that system is using this structure basically and then computing my error function 

minimizing on it I will be trying to know what is this unknown system. 

 

Later on we said that adaptive prediction what I can do it so by delaying my input itself whether I 

can know what kind of this thing prediction I can do my system is going to be that is what I am 

looking at. Next is one of the advantage of using noise cancellation in most of the speech if you 

are not in the closed environment where the noise is not creeping in then you will be seeing in the 

public address system and other things. 

 

So you will be having 2 mic’s or this is the signal what you are taking the source and noise is 

coming from here. So whether you can predict this noise what it can be and then feed it into the 

system and see whether this noise is going to be subtracted from wherever you have your speech 

plus noise which is going in as an input. So that I can adaptively cancel the noise most of the 

application as you can see that in the engine noise most of the time in the airplanes or in the cars 

which is going to be canceled out. 
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So the other filter applications what we see was in the scrambling so if you want to scramble your 

speech and then protect it or your audio or whatever may be the thing. So we took an example of 

3 kilohertz input signal low pass filter, and then 3.3 kilohertz as my this thing sine generator what 

I have taken I will be adding them up at sorry I will be multiplying these two signals.  

 

And use the low pass filter with 3 kilohertz this this can be replaced with your input or speech or 

audio if it is within the thing you have to take care of your filter design here, and then output is 

going to be a scrambled one. Same output I can feed it to the input and then do this operation I will 

be getting my clean speed. So that way you will be protecting your own one way of what you will 

call it as a safeguarding  your voice basically. 

 

The other one we said that echo we did the creation and then how we can cancel the echo which 

is getting created. So multiple of the, it can be a single echo or it can be multiple of them if it has 

got reflected we said it is a reverberation. So how we can create them how you can cancel it that 

is what some of the using our FIR and then IIR filters what we saw the example. Next one was 

using the graphic equalizer using different equalization techniques different filters it can be low 

pass band pass or high pass filters. 

 

You can either allow your audio to pass through or only the instrument to pass through so most of 

the application you can use it in normal life.  
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So next we went on to discuss about the speech coding techniques whether we had the waveform 

coders or vocoders. And you can see that what kind of applications they use which are the bands 

what it is going to be used. And one of the example what we took was one of the students a project 

to show that LPC coding how it can be done both analysis and synthesis and then reconstruct your 

voice at the receiving end. Almost equivalent will not say same but at least it is going to match 

with whatever voice it was getting generated. 
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So later on now we went on to why we have to go for discrete Fourier transform. So in the time 

domain we know that some of the frequencies component that are present in our input signal may 

not be clearer better to go into the other domain other transformed domain to see that whether we 



can look at what is the thing happening to the signal. So as we said if the sampling frequency is 

not met so we will be seeing that there will be a overlap of the thing. 

 

So whatever the frequencies so will be accounting for the aliasing, so we intended to have some 

frequency at the output but we are getting some other frequency. Then definitely we know that in 

the Fourier transform which frequency we are getting it how it has got aliased and then you can 

avoid it in the time domain. For that or your sampling frequency what you have to increase more 

than twice of that whatever Shannon a sampling theorem says. 

 

So we know that the equation what we have is with respect to it is a complex equation that is e 

power - j both real and imaginary parts are there and we went on to say that our coefficients can 

be represented in this manner. And then how in the unit circle how your coefficients that is weight 

factors are represented is shown with that. Then we said we can calculate our application of our 

DFT was to find out the magnitude spectrum and then how the face is going to look at it. So we 

went on in the DSK board also to implement the same thing. 
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And some comparison we did the thing DFT if it is order of n squared is our complex multiplication 

which can be reduced to (
𝑁

2
) log

2
𝑁 complex multiplication in the case of FFT. And we have shown 

that how it is going to be the ratio for different order of the input basically. 
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And then we went on to say that our decimation in time and decimation in frequency to develop 

our butterfly structure to get our FFT as it is shown. And then we said that how our computation 

in hardware can be for the bit reversal. So if it is input is bit reversed output we said it is an bit 

reversed format what we are going to have it sorry in line output if input is bit reverse in line then 

output is going to be bit reversed. 

 

So how we are going to access it as we discussed in the hardware we can do the reverse addition 

to calculate our bit reversal of the value. So that we need not have to spend on the algorithm if you 

go and look at the book you will be getting what complex way you have to do the reversal of it 

which will be taking lot of time. Whereas in the hardware we did the reverse addition so that we 

can immediately get our output. 

 

And then we went on to show that so how many this thing butterflies or groups and how many 

twiddle factors are required at each stage because we have log
2
𝑁 stages. So we went on to say 

what are the twiddle factors that are going to be present in each stages. 
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So we went on to discuss about finite word length effects in FFT also so we know that signal to 

noise ratio is given by this equation that is it is directly proportional to number of bits and inversely 

proportional to the order of your FFT what you are going to consider. And then these are the errors 

what we considered in FFT also. 
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And later on for a lengthy signal how we can work on using a overlap add and then overlap save 

method to implement the same using our FFT. 
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So then we went on to discuss about discrete cosine transform that is little on image processing 

what we did the thing. So how the dc value is going to be maximum in case of discrete cosine  

transform. And then where are the low frequencies present and medium and then high frequencies. 

So because of our human visual system so we may not be able to view these high frequencies; so 

we can eliminate it and then go for the compression basically.  
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And then went on to say that our jpeg uses this DCT or compression technique to implement it so 

you will be seeing that different colors how it is represented in the RGB domain. And we know 

that it needs maximum word length and then number of bits are much more required in this case. 



So; how we can go from one domain to the other here also in the YUV format. As you will be 

seeing that it is represented in only here and then illuminance what we will be having it in the y.  

 

And then what we said was the color space conversion we will be doing it into that is illumination 

and then chrominance and then both CR and then BR what we will be taking it. And then we can 

do the sub sampling in the chrome and subspace basically and apply the discrete cosine transform 

later on go on to do the quantization. So we use different quantization matrix to see that how much 

information we can discard. Later on we went on to do in the DCT run length coding and in the 

inverse DCT it is going to use the Huffman coding to get back our original value. 
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Later on we went on to use butterfly structure to show that the order of multiplication for the 8 bit; 

8 by 8 bit 1d or DCT needs 64 multiplications and 63 additions which we can be reduced using 

the butterfly structures to 13 multiplication and then 27 additions. So that is one of the technique 

what we used it to show this so you will be seeing cos and sine function what it is going to be used 

here. 
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So to wind up we have lot of people to be acknowledged few of them what I have listed here one 

is professor L Umanand NPTEL coordinator for allowing me to take up this course. And, then 

professor T V Prabhakar, who is the one who initiated me to give this NPTEL course. And then 

initial he looked into my all the course contents and other thing he said it is very good and then 

you can go head. 

 

And then professor N J Rao was the mentor I should ask once I have given everything I was 

supposed to give my lectures, he sat with me and then said these are the things what you can do it 

so final tuning and everything that was done by professor N J Rao. And then I cannot forget to 

acknowledge all NPTEL office people that is Avinash, Deepali and then Guruja Maiya, Kavitha, 

Naidu, Navin, Vidya and Sushma. 

 

If I have forgotten any other names these are the ones I could remember sorry I try to acknowledge 

everyone and bearing with me my lunch hour recording and other things they had to forego a little 

bit fine tune their lunches and other things. And then I am very grateful to my reviewers of the 

course because those are the ones they said your course content is too much you may not be able 

to finish it in 12 weeks. 

 

So better to fine tune it and then it has to be fine-tuned and then it has taken the stage. And first of 

all I have to tell that IIT madras for giving me permission to do this course for NPTEL and Swayam 

government organization who is I think no doing all the relay and everything and putting all 



questions and everything. And whatever the support required from MatLab because they were the 

first one to contact me saying that what are the tool boxes you needed for the students to use it. 

 

So definitely I have to acknowledge them for continuously in touch with them what are the things 

I need it, and then providing online MatLab for all of you to do the thing. Later on I took the 

permission of code composer studio although it is there online and those students who want to use 

their kits DSK 6713 in their colleges they can use that. And then I have used the LCDK 6748 board 

as I was mentioning both it is a fixed point and then a floating point board for all my real time 

applications. 

 

And this is would not have happened to show all the exercises what I have shown with without my 

students who took DSP system design and real-time digital signal processing course with me so 

far. And then some of the books I have referred few of them what I have listed it is a list may little 

bit go more actually. The first one is Sen M Kuo real-time digital signal processing fundamentals 

implementation and applications from Wiley that is 2013 version what I am using it. 

 

And Ifeachor for my fixed point implementation and scaling and other things what I have referred 

from this book. And the Donald Reay you would have seen some of the examples I was running 

from this book which uses both OMAP l138 and then for the LCDK 6748 is the subset of this 

experimental kit, from John Wiley which is the 2021 version. And one more what I have used 

pipelining and parallel processing chapter from Keshab K. Parhi on the VLSI digital signal 

processing book. 

 

So if I have forgotten and first of all I have to thank you all for taking this course and then it is 

going well. And if I am a little bit delayed in answering your questions please bear with me thanks 

to one and all so happy listening and then working with respect to all lab experiments thank you.  


