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ABSTRACT

Since music and discotheques are appealing to young
people, an education project has been defined around
the theme ”The Automatic DJ”. The project groups
have to design a programme on their notebook with
which they are able to make a smooth transition from
one music song, with a certain beat, to another music
song, possibly with a different beat, without degrading
the quality of the music. The main signal processing
challenge is to find and implement an efficient algo-
rithm that performs time scaling (change the beat) with-
out influencing the frequency scaling. The instructive-
ness of this education project lies in the fact that basic
signal processing concepts have to be well understood
and applied into a complex real world design problem.

1. INTRODUCTION

Classical courses are important to teach the individual
student mathematical and basic concepts. Laborato-
ries can fill the gap between these concept and their
physical interpretation. These labs are mainly devel-
oped for small groups, upto 2-3 students. An engineer
rarely works alone to solve complex real world prob-
lems. Education projects are a way to handle such
complex design problems in the education process. Stu-
dents typically work together in groups of 6 - 8 stu-
dents. These design problems are open ended and al-
low for a wide variety of possible solutions involving
engineering trade-offs between performance and cost.
This makes the build up knowledge in courses and
labs indispensable: basic courses, labs and education
projects form a vital link in the engineering education
process. A major idea of education projects is to intro-
duce applications early, well before students have built
up enough theory to fully analyse the application. This
helps to motivate the students to learn the theory. This
is one of the main reasons that since september 2001
the Electrical Engineering (EE) Department of Eind-
hoven University of Technology (TU/e) has introduced
the concept of education projects in the first three years
of the curriculum. In each year three different projects
are planned in parallel with the usual courses. Each of
the nine projects is related to a different basic course

and covers a period of 11 weeks.

In this paper we describe the fifth project, which
is related to the basic Signal Processing course. Since
music and discotheques are appealing to young people,
a project is defined in which each project team has to
design an ” Automatic DJ” programme on their note-
book !. This programme should create in real-time
a smooth transition from one music song, with a cer-
tain beat, to another music song, possibly with a differ-
ent beat, without degrading the quality of the music.
Changing the beat, or scaling the time domain sam-
ples of the audio signal, inherently influences the fre-
quency scale and thus the frequency content, like pitch,
spectral shape, envelope, timbre etc. For this reason
the main signal processing challenge of this education
project is to find an efficient algorithm that performs
time scaling (change the beat) without influencing the
frequency scaling. Although such an education project
contains many different technical and non-technical as-
pects we will mainly focuss in this paper on the signal
processing (related) topics. The other issues are only
mentioned and described very briefly.

This paper is organized as follows: First the main
objective of the project is described in section 2, while
section 3 gives a global overview of the project organi-
zation, the global schedule and the support. Lab ex-
ercises are important to realize the project. Different
technical and communication skills are discussed in sec-
tion 4, while section 5 gives a description of the signal
processing labs. The construction of the individual fi-
nal assessment is discussed in section 6 and the conclu-
sions are given in section 7.

2. MAIN OBJECTIVE

Education projects brings synergy in the tight coupling
of project and course material, i.e. project experience
reinforces lecture theory and techniques learned in lec-
tures often motivates project strategies. For this reason
each project runs over a period of 11 weeks in parallel
to the regular courses. The study load of he project is
approximately 30-35% (= 180 hours) and each project

LAt TU/e all students own a notebook (@1.4 GHz in 2002)
or have one at their disposal



is related to a specific basic course. Furthermore an
engineer rarely works alone. Learning to collaborate
effectively is an important part of the working world.
In view of this the students typically work together in
groups of 6 — 8 students, with each group attacking the
same design problem. The design problems are open
ended and allow for a wide variety of possible solutions
involving engineering trade-offs between performance
and cost.

The main objective of this signal processing related
project is that at the end of the project each student
should be able to:

e Analyse and physically understand some impor-
tant basic signal processing concepts,

e Execute an audio signal processing algorithm in
real-time,

e Design a complex software programme within a
group of students,

e Work together in a team,

e Design a realizable solution for a complex signal
processing problem,

e Report and communicate the main project results
by means of writing a paper, making a poster and
give a presentation/ demonstration.

3. THE AUTOMATIC DJ” PROJECT

Each (audio) signal can be described in both time-
and frequency-domain. A basic property of the scal-
ing in one domain is the inverse scaling in the other
domain. This is represented in Figure 1. The upper-
left figure represents the original audio signal while the
lower-right figure is a scaled version of it 2. One of the
main signal processing challenges of the ” Automatic
DJ” project is to perform to a given audio signal an
efficient time scaling (beat control) in real-time, while
not scaling the frequency content. This situation is rep-
resented in the upper-right corner of the figure. Finally
the lower-left corner of the figure represents a scaling of
the frequency (pitch control), without scaling the time
axis. Although an interesting option, e.g. to change the
pitch of a speech signal, pitch control is not included in
the project. The ” Automatic DJ” assignment is glob-
ally defined as follows:

Design with your team an ”Automatic DJ” programme
on your notebook that performs an automatic scaling
from one music song to the other. The programme
should be able to make in real-time a smooth transi-
tion from one music song with a certain beat to another

2In order to represent the time-frequency relation in an exact
way we could have used a music staff. Although not exact, we
found it more appropriate and representative to use a part of the
IWAENC logo with ’virtual’ time- and frequency axis.
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Figure 1: Four different time- frequency scaling situa-
tions

music song, with a possible different beat, without de-
grading the quality of the music.

3.1. Global schedule

A global schedule of the project is given in Table 1.
In the introduction meeting (Intro) the ” Automatic
DJ” project is introduced and roughly described. The
groups (6 — 8 students) are composed and each group
is assigned their own tutor and their own office to carry
out the project. Within one week each group selects its
own student project leader. The project is roughly di-
vided into three phases (see Table 1): The preparation
phase, the design phase and the concluding phase.
The preparation phase, ~ 35 % of the study load
of the whole project, is oriented bottom-up and the
main goal for each individual student in the group is to
acquire basic signal processing knowledge and to obtain
technical and communication skills. For this reason
five signal processing labs (SP1 — SP5), three technical
skill labs (TS1 — TS3) and three communication skill
labs (CS1 — CS3) must be executed by all students in
the preparation phase of the project. The skill labs,
described into more detail in the following section, are
scheduled at the moment they are needed. E.g. an
introduction to the use of Matlab is treated before the
first signal processing lab. The preparation phase is
concluded with a first short individual oral exam (IE1).
The design phase, =~ 45 % of the study load of the
whole project, is oriented top-down: each group makes
its own design, from concept to realization and test.
For this reason each group has to write and defend
a plan of action in the first project evaluation meet-
ing (PE1). Besides a final result this plan must also
describe an intermediate result, that is evaluated in



Preparation phase
( Load ~ 35 %)
Intro | Intro project, composition groups

TS1 Intro Matlab

SP1 Basic signal processing
CS1 Team building 1
SP2 Spectral Analysis
TS2 Audio Perception
CS2 Group leader training
SP3 Beat Detection
SP4 Speed Control
SP5 Beat Control

CS3 Team building 2
TS3 Real Time Audio Processing
IE1 Individual exam 1

Design phase
( Load ~ 45 %)

PE1 Plan of action
PE2 Intermediate result
1E2 Individual exam 2

Concluding phase
( Load ~ 20 %)

PE3 Paper
PE4 Presentation
PE5 Demonstration
PE6 Poster
PE7 Software

Table 1: Scheduling and study load of the three phases
in the ”Automatic DJ” education project and their sub-
division into technical skill labs (TS), signal processing
labs (SP), communication skill labs (CS), individual ex-
ams (IE) and project evaluation steps (PE).

project evaluation (PE2). The design phase is con-
cluded with a second short individual oral exam (IE2).

The concluding phase, =~ 20 % of the study load of
the whole project, is conference-like: each group has
to write a short 4-6 page paper (PE3), give a short
presentation (PE4) with a demonstration of its final
product (PE5) and present a poster (PE6) in a poster
session. The sources of the software are judged sepa-
rately (PET7).

In Figure 2 a setup is shown of the equipment that is
used to realize the ” Automatic DJ” education project.
The developed algorithm runs in real-time on the note-
book using music songs that where available on it. The
output is transferred via standard audio devices, a high
quality (44.1 kHz, 16 bit) digital USB/SPDIF interface,
to a standard set of speakers.

3.2. Support

The organization issues of the whole project are han-
dled by the project coordination consisting of a project
coordinator and a project administrator. The support

Figure 2: Photo of the ”Automatic DJ” setup

and guidance of the groups is divided into a technical
guidance part and a group-process guidance part. The
technical guidance part is mainly taken care of by a so
called Team of EXperts (TEX-team), which consists of
2 — 3 persons: the lecturer of the basic signal process-
ing course, the project coordinator and an expert in the
subject under study at that specific moment. Further-
more a helpdesk, parttime manned by PhD students,
is available during project hours for direct and quick
technical support. The group-process is mainly guided
by the tutor and during the design phase once a week
there is a group leader meeting under supervision of a
communication expert and the project coordinator.

During the whole project each group has on a regu-
lar basis once a week a 45 minutes during meeting with
the TEX-team. In the preparation phase these meet-
ings are mainly used to discuss the signal processing
lab results, while technical aspects of the projects are
discussed in the design phase. The project groups are
stimulated to use their creativity and/or level of sophis-
tication in their approach. The main advantage of the
set-up with a TEX-team is twofold: 1) the project co-
ordination keeps an overview of the technical advances
of the project groups 2) the critical discussions during
the TEX-team meeting stimulates a positive technical
attitude during the project.

The main task for the tutor is to track, and if nec-
essary guide, the group-process by paying attention to
the following aspects: is the project leader function-
ing well; are all members doing their task; is the group
process diverging or converging; are there hanger-on
students; etc.

The written communication between the project co-
ordination and the project groups takes place by a well
structured email folder, that is owned (full access) by
the project coordination. Besides a general information
folder and an assignment folder each group is assigned
an own group folder. This group folder is split into an
internal group-data folder and a group-result folder, for
writing (no editing/ no deleting) all the assignment re-
sults.



4. SKILLS LABS

As shown in Table 1 this project has technical and com-
munication skill labs. Since this paper is mainly signal
processing oriented, the communication skill labs (CS1
— CS3) that deal with team building and group lead-
ership, will not be treated into more detail here. The
technical skill labs TS1 — TS3 are executed by groups
of 2 students each.

4.1. Matlab introduction(TS1)

During the project Matlab is mainly used as an analysis
tool while PowerPoint 2 is mainly used as a presenta-
tion tool to exchange technical ideas, suggestions and
possible solutions. In order to get a quick start, TS1
is organized as a brush-up for the use of Matlab and
PowerPoint. A primitive way of changing the tempo of
an audio signal, as depicted in Figure 3, is used as a ve-
hicle. In this method blocks of L samples are selected
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Figure 3: Processing of blocks

from the input audio signal. In order not to change au-
dio frequencies in this block, these L samples are sent
unchanged to the output. At the input jumps are made
of R, and at the output of Ry samples. In order not to
obtain ’holes’ or ’strong’ parts in the output signal Ry is
chosen equal to L. By using the definition a« = Rs/R,
and by changing R, the tempo can be increased when
a < 1 and decreased when o > 1. The assignment of
TS1 is as follows:

Implement in Matlab this primitive way of changing
the tempo of an audio signal by writing a function that
is declared as follows:

y = simple(x, alpha, L)

in which x represents the input audio samples and y
the output samples. Test this function and judge the
quality with some predefined (or own) audio files. Each
group must prepare one or two PowerPoint slides con-
taining: a) The Matlab code (< 15 lines) b) A properly
defined plot of an input and an output sequence of 1000
samples and c) A demonstration of the audio quality
by using the audio icon of PowerPoint.

3Students have used Matlab® and PowerPoint@® earlier in
the EE curriculum at TU /e.
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4.2. Perception (TS2)

The aim of this Technical Skill lab is threefold: 1) To
gain basic insight in the most important aspects of au-
dio perception. 2) To get some skills in recognizing
the problems and complications that arise when audio
quality has to be assessed ’objectively’. 3) To formu-
late a recommendation for a method to evaluate the
music output of the Automatic DJ. Some background
can be found in [3], ..., [5].

TS2 consists of two parts: a presentation of the
basic principles of audio perception and an overview
of the most important aspects of audio quality. The
perception part briefly introduces the anatomy of the
ear, the principles of cochlear mechanisms that trans-
duce sound into nerve signals, the concept of masking
and a simple a model describing this transduction in
terms of a bank of band pass filters. The part on audio
quality is intended to make the students aware about
the difficulties when audio quality should be assessed
in a reproducible and generally accepted way. A few
objective and subjective standardized methods are pre-
sented. Students are invited to think about questions
like: which factors determine audio quality, how can
audio quality be defined and how can it be measured
and how should systems for processing and manipu-
lation of audio signals be evaluated? At the end of
the TS2 each group of two students submits a written
proposal to assess the audio output of the developed
Automatic DJs.

4.3. Real-time audio processing (TS3)

At the end of the design phase each project team must
implement an efficient real-time programme for the ” Au-
tomatic DJ” on their notebook in the programming
language C by using a programme development envi-
ronment.

To reach this purpose students use the programme
development environment ” The Borland C++ Builder”
and the supporting C-Library: ”Telecommunications
& Signal Processing C-Library” *(libtsp) for the Signal
Processing Procedures. Borland® C++Builder™™ is
a powerful ANSI C++ development environment for
rapidly building applications with middleware flexibil-
ity and open standards. The libtsp package is a library
of routines for signal processing. It also includes a num-
ber of general purpose routines useful for programme
development.

For the real-time implementation use is made of the
”Portaudio C-Library for audio input and output” °.
PortAudio is a cross platform, open-source, audio I/0O
library in which the user can write simple audio pro-
grams in C that will compile and run on e.g. Windows.
PortAudio project and Advanced Programming Inter-

4www.tsp.ece.mcgill.ca/MMSP /Documents/Software/index.html

5www.portaudio.com



face (API) is intended to promote the exchange of au-
dio synthesis software and sound file support between
developers on different platforms. It provides a very
simple APTI for recording and/or playing sound using a
simple callback function.

Skill Lab TS3 is executed by groups of 2 students
going through the following steps: a) Introduction to
Console- and Windows-applications by designing some
small programs for reading and writing wave-files. b)
Learn to use C-libraries for real-time output resulting
in a programme for playing wave-files. c¢) Design a
Windows Application in C and both link the PortAudio
and libtsp. The example used is to filter an audio wave-
file with a simple notch filter, from libtsp, and to play
the result in real-time on an audio output device. d)
Check the processor load during all the steps and take
care about high loads.

5. SIGNAL PROCESSING LABS

What follows from Figure 1 is that there is a need
to first acquire some basic signal processing (see also
[1, 2]) knowledge in order to be able to design an ” Au-
tomatic DJ” programma. This goal can be reached via
the signal processing laboratories (SP1 — SP5) that are
described in this section. These labs are very important
to understand the connection between a mathematical
and a physical interpretation of algorithms. Because of
the analytical nature of these labs, they all have been
carried out in Matlab.

To illustrate the type, scope, and complexity of sub-
jects the students are required to carry out in the sig-
nal processing labs, brief descriptions of the subjects
are provided in the following subsections. In each lab
the group leader divides the project group into different
subgroups. Each subgroups studies one of the subjects
and prepares a few slides describing the mathematics
and the physical interpretation. A motivation of the
relevance of the studied subject within the project must
be given together with a representative audio example.
Each subgroup presents and discusses the results with
colleague students. All resulting slides are tuned and
emailed to the project coordination, before a predefined
deadline. These slides are used as a basis for discussion
with the TEX-team. The assignments of the first labs
are rather detailed, while the later labs have a more
open character.

5.1. Basic audio signal processing (SP1)

As mentioned before, students have to use their note-
book. All used audio signals have a digital format: 16
bits stereo at 44.1 kHz. Furthermore the understand-
ing of the relation between time- and frequency-domain
scaling of an audio signal is very important within this
project. Ultimately in order to make the ” Automatic
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DJ” really work, some way of processing of the au-
dio signals has to be done. Filtering (convolution) and
(cross)correlation are the most important examples of
such processing operations.

SP1 starts with a plenary meeting in which exam-
ples of all these basics signal processing are shown and
discussed. The assignment SP1 is as follows:

a) Explain to each other, both in a mathematical and
physical interpretive way, how to choose the sample
rate fs of a discrete-time audio signal in relation to the
highest available frequency of this signal in order not
to obtain aliasing. Show this effect by implementing a
simple Matlab function and test this function with at
least two predefined audio signals. First use a sine wave
of 2kHz which is sampled with f; =5kHz, f; = 4kHz
and fs = 3kHz. The second example is a predefined
audio signal (part of a violin concert) which is origi-
nally sampled at f; = 44.1kHz and which should be
re-sampled at 44.1/8kHz.

b) Explain to each other, both in a mathematical and
physical interpretive way, how time-scaling is related
to frequency-scaling. Show this scaling effect by imple-
menting a simple Matlab function and test this function
with at least two predefined audio signals.

c) Explain to each other, both in a mathematical and
physical interpretive way, that the convolution of an
input signal with an impulse response is equivalent to
a filter operation. Show this filtering operation by im-
plementing a short Matlab programme that performs
a pre-defined low-pass filter and test this function with
at least two predefined audio signals.

d) Explain to each other, both in a mathematical and
physical interpretive way, how the convolution and cor-
relation operation are related to each other. Show the
correlation operation by implementing and testing a
short Matlab programme for at least two cases. With
the first one you must be able to detect a known signal
in noise. The second one must find the periodicity in a
predefined signal.

5.2. Spectral analysis (SP2)

The main goal is to study and understand a) The trade-
off between window length and bandwidth of a chosen
window function b) Spectral analysis properties and
resolution in both time- and frequency-domain of the
short-time Fourier transform.

SP2 starts with a plenary meeting in which a demon-
stration is given of the influence of length and shape of
time windows upon the amplitude spectrum of various
signals. In the remaining part of the afternoon each
group executes a number of assignments, using Mat-
lab. The assignments consist of writing short Matlab
scripts to calculate and plot the amplitude spectra of
various time windows, different in length and different
in shape (Rectangular, Bartlett, Hann, and Hamming
windows). The resulting plots are interpreted, to il-



lustrate the trade off between time and frequency res-
olution. Then the various windows must be applied
on time varying signals. Finally the concept of spec-
trogram is introduced and must be interpreted for a
stationary sine wave, a step-wise varying sine wave, a
speech signal and a music signal.

5.3. Beat detection (SP3)

Before we are able to change the tempo of an audio
signal, one should first detect the beat. As a human
being we are used to detect the beat by simple foot-
tapping and counting. Within this project this needs
to be done in an automatic way. For this reason all
students of the group are first guided through a pre-
processing stage in which only the relevant beat in-
formation is extracted from the original audio signal.
This pre-processing stage can be described roughly as
follows: It is obvious that the beat is present in the
low frequency part of the audio signal. We are inter-
ested in the smooth envelope of this low-pass filtered
signal. Perceptively the timing of an audio event is
typically at the beginning of each event, the so-called
onset. This is also the case with the onset of a beat,
which is at the beginning of the largest increase of the
smooth envelope of the low-pass filtered signal. The
resulting signal represents a rough measurement of the
onsets of the original audio signal, for which there ex-
ists different ways to detect the beat. The assignment
of SP3 is as follows:

Calculate by foot-tapping the beat of the predefined
audio signals and use these numbers as a comparison
of your final results. Implement in Matlab a function
that performs in an efficient way the described pre-
processing stage of the audio signal. Test this function
and judge the quality for at least two pre-defined audio
signals. Use the resulting signal of this pre-processing
stage to study at least the following three approaches
to detect the beat: a) The autocorrelation function
b) A bank of predefined resonators and c) The his-
togram function by giving each beat one label. Anal-
yse, implement (in Matlab), test and explain the re-
sults. Make, by taking into account accuracy and com-
plexity, a choice for the beat detector that you want to
use for the ” Automatic DJ” project.

5.4. Speed control (SP4)

Since both the input and the obtained output signals
are available at 44.1 kHz., speed control can be applied
by using up- or down sampling techniques. The main
objective of SP4 is that students come to the under-
standing that the whole range of rational factors for
sample-rate conversion can efficiently be implemented
using a fixed lowpass filter in between up- and a down-
sampler, as depicted in Figure 4. The assignment of
SP4 is:
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Figure 4: Speed control with fized lowpass filter

Design and test an efficient Matlab programme that
reads an audio signal at speedl and writes at speed2.
The speed control should span a range of 50% (up and
down). Thus speed2 must be controllable, during run-
time, in a range of 2/3 — 3/2 of speedl, or between 67%
and 150% of the original speed.

5.5. Beat control (SP5)

The main goal of this lab is to study and understand
some different mechanisms to control the beat without
changing the frequency content. This is done by using
the processing of blocks (see Figure 3), as treated in
TS1. For a periodic signal this can be achieved very
easily by cutting out or pasting exactly one or more
periods of the signal as depicted in Figure 5. If the cut
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Figure 5: Simple beat control for a periodic signal

does not exactly fit to one or more periods one can ei-
ther shift the signal of the new block, as depicted in Fig-
ure 6, or find another new block that fits better. These

boig faster Erew

Figure 6: Shifting the sine wave in the new block to fit
the previous sine wave.

two approaches are the basis of two different classes of
beat control algorithms known in literature. The one is
the Time Domain Harmonic Scaling (TDHS) approach
([6], .-, [12]) which tries to find an optimal fitting of
consecutive segments (blocks) in the audio signal by
means of cross-correlation between these consecutive
segments (blocks). The other approach is the Phase



Vocoder (PV) ([13], ..., [19]): By applying a filterbank,
this method tries to restore the original phase in each
frequency band of consecutive segments (blocks) of the
time scaled signal. The assignment of SP5 is now as
follows:

Use the processing of blocks programme of TS1 as a
basis and use two pre-defined audio signals. The first
one is a stationary sine wave. The second one rep-
resents a slow frequency sweep in such a way that the
sweep ranges from 2/3 until 3/2 of a period in a selected
block. Design and test two Matlab programmes that
change the beat in a pre-defined way without chang-
ing the pitch with the following different methods: a)
By finding the optimal fitting of consecutive blocks by
using the cross correlation function between (parts of)
different blocks. b) By shifting the phase of the signal
in each new block in such a way that it fits the phase
of the signal in the previous block.

6. FINAL ASSESSMENT

Without going into too much detail, this section de-
scribes shortly the evaluation of different steps in the
project. From this the construction of the final assess-
ment of each individual student is given, as depicted
in Table 2. From this table it follows that there are

| What | Weight | Jury |
Individual
Technical (IE) 40% Proj. Coord./ Tutor
Group Proj. Coord./ Tutor/
Technical (PE) | 30% Comm. expert
Group process 20% Tutor
10% | Other group members

Table 2: Construction of individual final results with
IE and PE the average of the different IE’s and PE’s

three main categories, namely a) The Individual tech-
nical component, which counts for 40% b) The Group
technical component, which counts for 30% and c) The
Group process component, which counts for 30%.

The first component (IE) is the average of the two
individual oral exams (IE1 and IE2). The first individ-
ual exam IE1 reflects the individual knowledge of all
skill and signal processing labs that takes place in the
preparation phase (see Table 1). The results of the skill
and signal processing labs themselves are not counted
in the final assessment. Only participation of these
labs is obliged. All results of the labs are discussed and
coupled back to the participants. The second individ-
ual oral exam reflects the individual knowledge of the
project. During both exams the jury is composed of
the TEX team members and the tutor of the group to
which the student belongs.

The second component is an average of all project
steps (PE1 — PET). It reflects the technical- and com-
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munication skills within the group. The judgement is
taken care of by the TEX team, the tutor of the group
and the communication expert.

The last component, the judgement of he group pro-
cess, is split into two parts: The tutor gives each group
member a final assessment, which counts for 20% and
each group member gives the other group member a
mark. These marks are averaged and weighted for 10%.

7. CONCLUSIONS

In general students find the ” Automatic DJ” project
an appealing, difficult and instructive education project.

During the project we have seen a positive attitude
change by all participants. A complex realistic real-
world problem stimulates students on the one hand to
work together in a group, while on the other hand a
structured approach has to be followed to tackle such
a complex problem.

A point of improvement is the need to learn how to
develop a complex software programme with a group.
For this reason next year a new Technical Skill lab
(TS4) will be developed with this theme.

Furthermore the individual assessment of student
working together in a group stays a difficult issue. In
this project we solved this (partly) by using enough
coaching capacity (TEX-team meetings, tutors, group-
leader meetings, individual oral exams etc.), which makes
education projects rather expensive: The first time
(preparation + run) costed in total ~~ 2 fte (full-time-
equivalent), while it is expected that in the long run it
will cost ~ 1 fte for a group of 50 - 75 students.

Although there are still points of improvement, the
main conclusion is that courses, labs and education
projects form a vital link in the modern engineering
education process.
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