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This document is an analysis and retrospective of my work on creating a sampling tool with the help of MAX/MSP. This essay includes several key stages such as planning the tool, implementing the idea (practical part), evaluating the results of the work and sharing ideas for the employment of the instrument in the future.
Creating music with the help of technology has always excited me, precisely due to the ability to play with different sound parameters to achieve my own character and colour of musical instruments. Before working on my own software instrument, I only adjusted the parameters in the plugins mechanically without knowing how exactly the individual parts of the skeleton of the plugin are connected. Creating my project enabled me to not only to clarify the details of the sampling process but also find why are all elements are connected in this way. Along the process, I naturally made some mistakes and encountered various challenges, but this only enriched my experience and led to new ideas for future projects.
I chose this type of instrument because I wanted to use a drum sampler, where I could play with time and pitch simultaneously in real-time using a MIDI controller. My aim was to enable the following:
- the import of several samples;
- the triggering of one-shots;
- the association  with loops;
- a button to adjust the time and length of a note 
- a button to change the pitch when shooting the sample;
- the recording of the performance
- the sample to be modulated while playing in a loop cycle.
The idea of using ready-made recorded materials for a new composition appeared even before digitalisation in music and the advent of computers. For instance, there were the first experiments of pioneers in the field of audio in the 50s, such as Pierre Schaefer and John Cage, who by cutting and glueing certain sections of a tape recording managed to create completely different compositions. This created the path to music collage, remixing, mashup and sound design. For the first time, we had found the technique of producing music with sounds that are not from musical instruments.
However, thanks to the development of technology this idea does not stop evolving. For example, the Mellotron mono sampler and CMI Fairlight that appeared in the 60s marked a turn in analogue sampling. With the advent of digitalisation, old digital instruments were replaced with new ones, such as the drum pad sampler. One example is the Akai Mpc 60, which gives control to the non-musician by turning them into a DIY producer .With the advent of Roland - the father of drum machines - synthesis and sampling were combined, and hip-hop was launched into the highest levels of charts, making it the dominant and most profitable genre in the 80s .
My instrument has been influenced particularly by those golden years and is an expression of my ambition to make my idea suitable for today's conditions that require music to be performed quickly, ideas to come swiftly and originality in the production.
Actually I already have practical experience with several samplers such as Logic quick sampler, Ableton sampler, Alchemy and Serum, but neither of them are what I am looking for because there is always something that slows down my workflow.
As a hip-hop trap producer, I often have to make drum patterns with variations in the length of the notes in divisions. For this purpose, one option is to arrange the notes in a piano roll while changing the grid; the other option is to use an arpeggiator and to automate the pitch separately from the first operation. I particularly like the option of playing with an arpeggiator button in some controllers while running a kick pattern or another element of a drum kit.
Maybe my plugin looks like a Machine MK hardware pad controller which contains note repeat, but this option is quite cumbersome because if one intends to change the beat divisions during the performance, one has to hold one button with one hand and press a second button with the other, after the button responsible for changing the divisions.
Another idea was to create a type of sampler that could be used with Ableton and other types of DAW, such as a Max for Live device plugin, which will allow adding various effects and recording the performance or composition. 
As we know, modern plugins provide a user interface for changing their settings, but these settings can also be assigned to controllers and therefore be altered live. I wanted my tool to work on the same principle in order to allow mapping to control knobs. I was quite hesitant which platform to choose to realise my idea, and I went through Reactor, Pure data and Max for life, before I finally selected MAX 8 - with it, things seemed to be the fastest. Most importantly, one will easily learn that the fundamental idea behind Max actually rests on” real-time scheduling” programming introduced by the creator of RTSKED  Miller Piquette, “one of the first examples of a music program that organised computation in multiple parallel units that could do something for a while, tell the system they are done, and then wake up and start doing something again in response to a trigger”.  (Article: Max Mathews: An Appreciation | Cycling '74, 2021)
Second, I chose this program based on my previous experience with it when I created an audio-visual composition using the EboSuit plugin, which is a video sampling tool.
 (Palazzolo, 2021)
Max can very easily turn a musician into a designer of his own instruments. Even if the creator of cicling 74’ says that this is an absolutely empty, “doing nothing “program,  (Zicarelli, 2002) it seems so only at first glance because the developers have taken care of providing as much help as possible to novice designers. Beginners are also able to obtain help through friendly communities, support teams, FB groups and especially a documentation that is full of references and explanatory notes about what each sign, object and message is and how it works.
I was quite split between Max and Pure data since they are almost similar in terms of object names, principles and graphics.
Although Pure Data is free, it is not so easily understandable for me because it does not have such a help section and is more related to CC+coding.
I also thought about using Reactor but was dissuaded by its price and better suitability for making effects and modules that model the sound itself, rather than for creating instruments, although it is still easier than Max. 
Indeed, like any program, Max has disadvantages. For example, some users find it lacking that Max works only with existing objects, but this is not very important for a beginner because, for me, these existing objects are enough.
The thing I like most about working with Max is that one can visualise the object with a graphic image, and this is especially helpful for a beginner. Moreover, one can make sub-patches to avoid having the project look tangled in cables. It also leads to a perfect aesthetic arrangement of details, architecture and style - the developers have taken care to make everything easy to copy and paste, with respect to some features that, if one does not already know, are quite difficult.
After choosing the program to work with, I had to clarify the following:
How accurately is sampling performed?
What objects does the patch include?
What will be the function of each object, and how exactly will the connections between them take place?
Nevertheless, obtaining the answers to these questions was not enough since I had to understand how each parameter works. It turned out that everything is mathematical and subject to algorithms. For example, multiplication is particularly difficult for me, and it is based on the principles of acoustics and analogue synthesis. The difference is that the digital circuit follows the same laws as an electrical circuit but is expressed in numbers and uses different names.
 There are two types of samplers, one is multi-zone, and the other is phrasal melodies. The others are drum samplers.
They are with drum pads associated with different sounds of a drum kit which are more suitable for creating rhythm. They are used with the so-called finger drumming technique. I chose the second because they were more appropriate for the concretisation of my idea.
I also had to think about whether to make a drum machine, a sequencer or just a sampler. I chose to work only with samples to keep it simple.
The revolutionarity of the Akai lies not in the fact that real samples could be using to make music, but also because, for the first time, it included the note repeat option, which producers are calling "MPC style time modulation". If the tape marked a turning point in the recording industry in the 70s, then converting both directions of sound with a computer is just as important a moment in the music industry.
The words Lynn used to talk about the discovery sound quite emotional and so close to Akai sampler users: "I dislike reading manuals”, and “I dislike having my creative process interrupted by an unintuitive operating system or reading a manual written by an engineer”.  (Meet the unassuming drum machine that changed music forever, 2021)
With the MPC60 and MPC3000, you could take them out of the box, plug in a disc, turn them on and then immediately hear various good beats with a good human feel. Nonetheless, now with the MPC, you could make your rhythm emerge not just from drums but also from horn hits, synth screeches, etc. Now, you were working percussively and with a far wider variety of instrumentation.  (Meet the unassuming drum machine that changed music forever, 2021)

In fact, my own instrument was inspired by the MPC 60, and its purpose was to be exactly as described by the designer but in a modern software style.
Basically, the process is the following: the audio signal goes through deconstruction and recovers, becoming a digital stream; each value is characterised by particular values of sample rate and beat rate (more), and this is done by means of converters (ADC and DAC).
The audio is converted into a midi signal, which the computer understands since it understands only numbers. The midi interface serves as a translator between the audio and the sampler, which is performed through midi messages that are encoded with numbers or words and supported by arguments, etc. The sampler instrument is built on this same principle, and the simplest version should contain an analogue signal input device (microphone) or an imported sample (recorded file) that is decoded by a cable with a PCM encoder, turning first into a RAM signal followed by quantisation, which does it in quantised signal and encoding turning it into a binary value (digit) digital data. Actually, the scheme seems simple at first glance, but when we look at it in details, this is not the case because everything in the process is subject to the fact that on the computer, you have to explain every action digit by digit. Since musicians are not usually so mathematical, MAX/MSP depicts everything graphically with drawings; for example, for the meter, you write a slider, kslider~ it appears as piano. A simple patch in Max would contain the following elements: midi input-trigger-strip note, selector, playback button (groove) gain control and data output storage (so-called buffer). My sampler contains additional functions such as panning, changing the pitch option, changing the time resolution or, in some cases, having a note repeater which is also variable. 
 In detail, the 'chocolate' tool looks as follows:
Midi imports object-"midi in", through which the midi signal from the controller enters, the "stripnote" object was placed as it removes the messages when the key is released while returning to the initial position. Without this object, the note will be heard twice. As we know, message 1 is on, message 0 is off, and it skips messages with speed other than zero and tests for inequality to zero. To test the signal from the input, enter the object "selector", which serves as a mixer and assigns the signal to each input; the "bank "sends the signal to the outlet.
The next algorithm that I have applied is" triggering". Particularly, "triggering "sends the signal from simple storage, the so-called" buffer", to the playback. Buffers are a place where one can get a sound, use it and put it back there. When creating a" groove" object, it is important that the name of the" buffer" matches the name of the "groove "object so that they can be connected wirelessly. The groove object actually creates a playback system through which only the sample can be modulated. Interestingly, it does not understand the start, stop messages but works with another object, called a "sig ~", which converts digital data into an audio signal. Now, with the help of this signal, it can be explained where to start playing. It was time to create the first control module for pitch modulation. Using the theory of dependence among amplitude, frequency and wavelength, I used the rule for the proportional relationship between amplitude and frequencies and between amplitude and wavelength, according to which the higher the speed of sound, the higher the pitch as the wave gets shorter. This is exactly what can be seen in my tool, although I could have added a module that keeps the pitch the same. Nevertheless, this seemed unnecessary for now because it was important for me to change the pitch. In principle, in this option, there are several drum pad samplers. I mostly use it in Logic in the new fast sampler, but this is also available in ultra-beat. However, the difference is that it does not have the note repeater that is present in my sampler.
The multiplication of signal is an important element because, thanks to it, the volume can be reduced. Otherwise, if it is not multiplied, the signal will blink and damage the hearing, so a "gain" plugin is added, that is, a slider. This is how I obtained the amplification in the Chanel strip.
Since I kept the signal stereo, I created a stereo image system by duplicating the multiplier and connecting it to the left inlet with the left outlet to the digital audio converter, the so-called speaker output. Using a floating-point of the same value to get one because I had to make the signal audible, and the audio understands only 1.0, -1, a kind of signal of midi rank 0-127, translate it so that not only the computer can hear it. To illustrate the sound level, I created a monitoring object-meter that performs the same function as in the mixing console, showing us in which channel the signal is and whether it clips. Here, in the panning, I made a mistake; in the beginning, every sample starts to sound from the left channel, which requires additional adjustment to 64, which should be the value for stereo sound. Nonetheless, I left an option to adjust the stereo. I turned this option on because in the trap beat, the way one puts the high-hat is important, kick -and in the mix, sometimes they are stereo, sometimes they are left or right.
I have included a time modulation algorithm in addition to the pan option. I achieved this by entering the” metro “object whose function is similar to that of the metronome - it is important to mention here at what time interval the note will be repeated. I set it to 1000 ms. I have included the "looper" object as an additional algorithm, which allows the signal to play in a loop cycle. After making one channel of the sampler, I duplicated it three more times. In the beggining, there were six channels, but subsequently, I decided to leave only four to reduce CPU usage. It was important to decide where to start the magnifying glass, so I set 0 to be with the release of the patch. Hence, I already had the option to vary the tempo, the length of the notes.
In addition to one-shot samples, the program can work in non-loop mode as a simple midi controller. It is also interesting when the sample is not just a drum element but any loop file. There are quite interesting options that can serve to create melodies, bass, harmonies. 
The instrument is also quite suitable for build-up risers, and drum builds of any genre. In addition, all kinds of sound effects can be obtained if you are scoring a movie or game.
In production, live automation is important for more dynamics in the performance. For example, I am not a fan of drawing in the piano role as it takes away my ability to transfer my energy to composition. The energy of the performance, that is, the human touch, is significant for the liveness of the song, and this is why I preferred playing with the knobs and sliders, mapping them to the midi controller. Musical performance is a combination of the instrument and the player. The interaction between the two produces the music, and the interfacing between the player and the instrument involves the control of the instrument.
Thanks to the macro option, producers can automate several parameters with one movement, using the ability of the computer with one instruction to generate several operations. "Computer science is a rule or pattern that specifies how a certain input should be mapped to a replacement output. In the mid-1950s, when assembly language programming was commonly used to write programs for digital computers, the use of macro instructions was initiated for the two following main purposes: to reduce the amount of program coding that had to be written by generating several assembly language statements from one macro instruction and to enforce program writing standards such as specifying input/output commands in standard ways." (Macro (computer science) - Wikipedia, 2021)

Although automation is associated with mechanicness and robotism, and man is associated with non-robot and naturalness, in music production, these two concepts complement each other to achieve higher productivity.
However, automation not only serves to increase speed but also helps stimulate creativity. This is evident in my instrument; by controlling several parameters simultaneously, I acquire interesting patterns and timbres of sound.” Even the genre of the beat changes the live reworking of sound has evolved from the playback of simple pre-recorded sequences, through 'scratching' LPs to sophisticated performances. In the process, sound synthesis and sampling have moved from a 'back-room activity that happened slowly and meticulously to interactive improvised performance” (Sound Synthesis and Sampling, 2021)
Usually, working with Ableton is convenient in this regard as it allows only by switching to midi mapping mode in which you can easily map each parameter process and control button to manage the associated parameters of effects and tools. MAX  provide the same option in their platform, which works on the same principle.
During this project, I encountered several issues, some of which I solved. Nonetheless, I am still thinking about how to resolve the others.
First, the separation of the signal and the residual sound that was heard when returning the key back did not work. From the title, I noticed that this could be fixed, and I put a "strip note" object. Second, the sample disappeared after each start of the program. Third, the sample started from the left at the beginning. The last issue was the lack of an option to convert a maxpat .file to an amxd file I found another way was to either copy it and paste it in the editor tool as a max for life device or to route the signal to any digital audio workstation using other software such as loopback and sound flower.
It turned out to be a difficult task, and I had to ask for support about this issue. As a result, I successfully solved it.
While testing the patch, I discovered another drawback. When I activated the midi mapping mode, the speed values start to change only in the range of 0-127. However, this is not the case when working in the untouched mode since the speed values can be changed to negative and significant values with floating-point number.
Besides, I was not particularly satisfied with the fact that the samples were not at the same tempo and could not be played in synchronisation. There might be a solution to this issue, but I have not yet discovered it. It cannot be quantised properly; the rhythm is correct, but some instruments sound offbeat.
Overall, I am satisfied with the project since it can be used in making music, and it serves as a generator of ideas. Moreover, it works fine for me after testing it in a trap beat. It first helped me to make a kick pattern and to perform a high-hat without wasting time painting it on a piano roll. Or to add a separate arpeggiator plugin. Besides, I recorded it all, and it saved me a lot of time. One can make interesting textures on all kinds of instruments or folly recordings. What I could have done better was to leave an option to adjust the beginning and end of the sample, to have a fade in and fade out, to include a recorder in the patch and to include filter modulation, granulator, reverse and delay effect. For now, these algorithms seem quite complicated for me, and I decided to make the tool as simple as possible.
Another thing that would be useful to include is the ability to save the preset.
As a new producer with 0 programing knowledge, I found the research extremely useful. It opened a new field for me, and as a designer of max instruments, I learned another language and graphic programming. The research also provided me with the freedom of creating my own instruments as I wish.
I enriched my knowledge in the field of digital signal processing, a work related to the communication between two music software in real-time.
In the future, I will definitely require this knowledge, especially when working with audio of any kind, because it is based on the principles of acoustics and digital signal processing.
I will further develop my project and provide it as a product with market value. I hope that people like me will appreciate it and that it will enable them to save time for future ideas and their realisation.
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