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Abstract
This project is about an analog to digital converter. The task is to write codes in MATLAB that
convert an analog voice recording into a digital signal. The original recording has both
continuous time and continuous valued the final digital signal will have both discrete time and
discrete value. The digital recording can be transmitted over the communication channel and
processed digitally at the receiving end.
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I. INTRODUCTION
Analog to Digital conversion (ADC) is a process that has very important
applications in the modern world. Since most modern devices are digital, all analog
signals must be converted to digital signals. Digital devices are cheaper and more
dependable. In addition, digital computers have the ability to manipulate, transmit, and
process data in ways never thought possible before. Without this conversion, most of our
modern technology would be unusable.

Figure 1: Analog Signal [1]

Figure 2: Digital Signal [2]

Analog signals have continuous waves and an infinite number of data points as
shown in Figure 1. Digital signals are made up of just enough of those points so that it is
possible to reconstruct the wave later at the receiving end. An example of a digital signal
is shown in Figure 2. The process takes continuous data and makes it more efficient and
practical digital data. This digital data can then be transmitted from one place to another
and processed digitally. The analog signal is inputted into an ADC to convert it into a
digital input signal which is then inserted into a digital signal processor and changed into
a digital output signal. On the receiving end, it is reconstructed into an analog signal

2
using an Digital to Analog converter [6]. Figure 3 represents a block diagram of the
mentioned process. .

Figure 3: The process of analog to digital conversion and digital to analog

reconstruction [6].
A perfect example of this concept is the telephone. When calling someone, the
voice acts as the analog signal. It is converted into a digital signal using sampling,
quantization, and coding, then transmitted and reconstructed on the other end of the
telephone line. This is why a person sounds different on the telephone than he or she does
in real life. Some other examples of an ADC are radio, cameras, video recorders,
computers, and television. Digital signals are more practical due to the fewer amount of
data points. The fewer data points allow the data to be transmitted and processed faster.
In order to use any type of digital device, like a computer for example, the signal must be
digital. In the modern era, where computers are such a huge part of everyday life, analog
to digital conversion is essential.
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Figure 4:Process of analog to digital conversion [6]
Only the conversion from analog to digital signal has been completed in this
project. This portion is made of three different steps: sampling, quantization, and coding.
A more detailed description is shown in Figure 4 where each step must be completed
before another can begin.

II. LITERATURE REVIEW
Sampling is the process of changing the xaxis quantities from continuously timed
to discretely timed, as shown in figure 5. After sampling, the signal will have a definite
number of points on the xaxis instead of an infinite number of points.

Figure 5: Process of Sampling [6]
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The process simplifies the xaxis to a point where it is workable and reasonable.
Having millions and millions of data points, when considerably less are needed, is
inefficient and unnecessary.
Sampling
Sampling should consist of enough data points so that the signal can be
reconstructed accurately. According to the Nyquist  Shannon sampling theorem, this
means that the sampling frequency should be at least twice the actual wave frequency [6].
For example, if the frequency of the wave is 100 hertz, the sampling frequency should be
at least 200 hertz.

Figure 6: Testing to the NyquistShannon Sampling Theorem
In some cases, it is better to sample at a rate three or four times that of the original
frequency at a minimum, as described by Figure 6. Figure 12 in the Appendix is an
example of a sampling code. As a result of this concept, as frequency increases, sampling
rate must also increase.
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Figure 7: The green line represents the actual wave; the points represent the sample.
Notice that the reconstructed signal (red line) is not the same as the green line [5].
If the sampling frequency is too small, the samples cannot be accurately
interpolated to get the actual signal at the receiving end. An example is shown in Figure
7. The more data points you have the easier it will be to reconstruct the wave, but having
an unnecessary number of data points is counterproductive.
Quantization
The next step is quantization. The digital device can only communicate Y axis
data at specific levels. Figure 8 shows a graphic representation of the concept.
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Figure 8: The graphic describes the process of quantization [6].
The more quantization levels there are, the more accurate and reconstructable the
plot will be. Number of quantization levels are assigned using the number of bits. The
number of bits
equation for determining the number of levels = 2
. So if the number of bits is 8,
8
the number of levels is 2
= 256. The range, from the maximum height to the minimum

height, will have 256 different levels. Most telephones use an 8 bit quantizer. This
converts the continuously valued yaxis into a discretely valued yaxis. Quantization has
one completely inevitable inaccuracy: quantization error. The fact that the computer
abandons the original yaxis values and assigns another number in the place of it is a loss
of data. However, the only way to reduce the quantization error is to increase the number
of levels which in turn reduces the quantization step. Fewer quantization levels makes the
process more efficient in transmission and processing but it will cause a larger
quantization error. More quantization levels makes the process less efficient but the
reconstruction of the data will be more accurate.
Coding
The next step is coding. Coding is a very important step. It converts the
quantization level indices into a binary sequence. Digital devices only understand low
level languages, like binary for example. As a result, the data points must be converted to
a series of 1’s and 0’s for the computer to process it.
The combination of all three steps converts a signal with continuous time and
continuous value to one that has discrete time and discrete value.
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III. METHOD
This project’s task was to sample, quantize, and code the conversion from an
analog signal to a digital signal. The original wave is the analog signal. In this
experiment, the wave is a recording of the voice saying, “Hello. My name is Meredith.”
The computer automatically changed the recording into a sampled digital signal since
computers cannot store analog signals. So, the first step of the process is resampling. This
audio signal was resampled at 8 KHz as this is the most common sampling rate among
telephone communication.
For this experiment, the computer utilized the function 
[y, Fs, bits] =
audioread(‘’)

to read the audio signal. This built in function reads the audio file and
outputs the sample frequency, number of bits used in quantization, and the yvalues. Then
the program utilized the function 
x = resample(y, p, q)
where 

p
is a new smaller sampling
rate, 
q
is the sampling frequency and 
y
will be recognized from the audioread equation.
For quantization, a 4 bit quantizer was used. Seeing that number of levels =
number of bits
2
, so there will be 16 distinct levels. The results will show a large difference

between the analog recording and digital recording. For a closer look at the program, see
Figure 13 in the Appendix.
In this project the computer used the 
variable = dec2bin()
built in function. It

converts the decimal values into binary numbers. The variable in the parentheses was
index, the variable representing the indices of the quantization levels. This process
converted the level indices to binary.
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All of the method is computerized. For every step, a MATLAB code was written.
More details about the final code can be found in Figure 14 in the Appendix.

IV. RESULTS

Figure 9: The original voice recording
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Figure 10: The sampled audio recording

Figure 11: Final digital signal

V. DISCUSSION
The graphic of the original audio signal, as shown Figure 9. It displays an infinite
number of points. The sample signal, as shown in Figure 10 and displays the position of
each of the thousands of samples. The final digital signal as shown in Figure 11. 16
different levels of quantization can be seen.
The difference between the original analog signal and the sampled digital signal is
significant. The only major difference between the two figures is that the sampled
recording displays each sample. Each sample is represented by an open circle. Every time
one puts any kind of continuous information into a computer, like an image or audio
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recording, the computer changes it from analog data into digital data. The sampling
defines the number of points and where they will occur.
Figure 11 shows the digital signal where the previously sampled signal has been
divided into 16 different levels after using the 4 bit quantizer.

VI. CONCLUSION
The process that so much of modern life is based around is a mystery to many
people. The MATLAB coding involved has been engineered for maximum efficiency.
The process of sampling and quantization is supposed to simplify on the x and yaxises
so that the data can be made digital. If the data was not transferred to digital, it would not
be able to be used with any digital technology: rendering it nearly useless in today’s
society.
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IX. APPENDIX

Figure 12: Sampling Code

Figure 13: This code was actually used in the quantization of the voice.
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Figure 14: Entire program

