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Introduction:
All of the following work in this report discusses the laboratory sessions we have had 
from October to December using MaxMSP for audio signal processing.

For each lab I have given a summary scientific report that sums up the entire session. 
Including:

• The methodology employed in the development of patches and patch testing 
• The results of evaluating the patch e.g. operation, test results, problems etc
• Conclusions identifying key issues learnt further refinement and issues to be 

resolved.

Diagrams, screen shots and audio clips (.wav files) have been attached to show the 
development of patches and testing.

6th October 2010

Lab 1 Patch 1: Creating a basic adjustable frequency oscillator

Objective: To build and test a basic sine wave oscillator in MAXMSP

Methodology:
I created a ‘message’ commanding the integer value of 1000 and 
connected that to a ‘cycle~’ object, (which would later generate a 
sinusoid wave). Then I added a digital to audio converter, (‘dac’) 
which would convert theses representations to an audible signal 
DSP settings were used to select my ‘M-Audio’ output device.

Diagram of ‘Basic Oscillator’ Patch shown on the Right

Results: 
The ‘basic oscillator’ patch was tested and was successful in 
producing an audible signal of 1 KHz test tone. It was then tested 
with other values in the ‘message’ box and was also successful.

Conclusions:
At the moment the patch is very basic so there isn’t much that could go wrong, but 
there isn’t much for the user to control either. It could be improved by giving the user 
some control over the frequency and volume, this would just be a start.
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Lab 1 Patch 2: Scope Patch

Objective: To Build and Test A Scope Patch.

Methodology:

I used dial control with the 
range of 20-1000 (step size 1 
to represent frequency in 
Hertz) and connected that to 
a numeric indicator. This is 
so that I can check the exact 
frequency value of this dial 
and also allow the user to 
change the frequency value 
in a much smoother way. 
(i.e, clicking the number and 
gliding up or down). After 
including a ‘cycle~’ object 
and connecting that to a 
multiplier, then the multiplier 
to my dac, (to allow my 
patch to generate audio). I used 
another dial control connected to my multiplier’s output for the volume with the range 
of 0-1. Therefore I had to turn on ‘float’ mode and made the step size 0.1. 
The scope~ object input is connected to the output of my multiplier, this way I am 
even seeing the change in volume through my scope. I then went on to send messages 
to the X and Y axis of the scope. Sending ‘2’ to X and ‘256’ to Y to get a clearer 
representation of what is being shown.

I then went on to put all of the components in a more presentable and user friendly 
way. I did this by putting the things that the user has control over to one side, 
everything else together and the visual representation bigger so that it can be focused 
on.
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‘Building the Scope Patch’ Diagram below.

Results: 
‘The Scope Patch’ was successfully built 
and displayed the frequencies generated, so 
I decided to take my investigation further to 
see what would happen if I changed the 
‘messages’ being sent to the X and Y axis 
of my scope. I changed the 2 to 7 to see 
what effect it would have on my scope~. 
The results are shown to the right, at the 
exact same frequency and volume my 
scope~ is showing more cycles then it was 
at the X axis of 2.

I experimented with my Y axis 
value as well to see what would 
happen if I reduced the value. I 
found that reducing this value by 
half my scope~ displayed half the 
amounts of cycles periods.

So I took this a step further and 
decided to half my Y value but 
double my X value from my 
original experiment shown in 
Figure 3. I found that the scope~ display was exactly the same, 
(Figure 5 displayed to the right). 
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Conclusions:
This patch is quite effective and does what it should do in both an easy and used 
friendly manner. 

However it could be improved by allowing the ‘messages’, (2 and 256) to be 
‘numbers’. This would allow the user to change these values and get the view they 
desire instead of my default view. Also I should look in to finding a way to scale the 
scope~ image up even more then the volume has allowed because the view is still 
quite small at my customized highest level.
On a whole I think the patch did well and served it’s purpose, and I am happy with the 
layout/design of this patch.

Lab 1 Patch 3: Opening Audio Files

Objective: To Successfully Opening an Audio File in MSP

Methodology: 
I created the patch below starting with my count~ object, as this is going to be used 
for my sample play back in conjunction with my buffer. So I then created ‘index~ 
mybuffer 1’ and ‘index~ mybuffer 2’and connected both of these from my count’ 
object.  Next I had to make a digital to audio converter to allow the sound to leave 
MaxMSP, (once my patch is Complete.) I then remembered that the count~ object will 
only respond to a ‘bang’ or ‘button’. So I added a button to the top of my patch and 
connected the buttons output to the 
input of my count~ object.

Now I needed to get a ‘wav’ 
sample in to my patch, I did this 
by creating a ‘read’ object, which 
would simply read the file I would 
select at a later stage. Then I 
created my buffer~. I had to type 
‘buffer~ mybuffer 100000 2’ so 
that the buffer would know what 
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to load, how much of it to load, and how many channels are needed. For instance, 
‘100000’ is the amount of milli seconds it will store of what ever given to the ‘read’ 
function. And 2 is the amount of channels needed, (even though this is not a stereo file 
we will want the mono signal to be in both speakers/headphones).

Results: 
An audio file was successfully opened and played using this MaxMSP Patch after a 
minor problem was resolved.

After locking my patch I clicked, double clicked and even right 
clicked on to the ‘read’ function. Nothing happened, so I had to go 
back in to the patch to see what I was doing wrong. It didn’t take me 
long to realise that my read message and my buffer~ were not 
connected. So after connecting the ‘read’ message’s output to my 
buffers input I locked my patch and tried again. This time it worked.

I selected a file I had previously saved on to 
my local server which was about 3 seconds 
long, (wav file). And when I clicked on the 
button I had linked up to the count~ object 
the full sample of roughly 3 seconds was 
played.

I then went on to try ‘aiff’ files which 
where also successful, but I wanted to see 
what would happen when the patch came 
across a file it would not be able to load. So 
I imported a ‘JPEG’ file, (an image) into the 
read function. This didn’t work for obvious 
reasons but the application did not notify me or stop me from choosing it, it just 
accepted the choice and carried on playing the last successful file uploaded once i 
clicked the button.

Conclusions:
After putting the necessary components in to presentation mode, 
this patch seems to be very basic and limited in terms of its 
appearance and capabilities. Even though it does what it is 
supposed to do i think it could be better by giving the user some 
kind of controls. this could be effects, monitoring devices or even 
just a gain dial. This is just a starting point for something greater to 
come in my opinion because as the patch stands there isn’t any real use for it.
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Lab 2 Patch 1: Experimentation With Dynamics and Modulation

Objective: To Familiarise Yourself With Dynamics, Modulation and Time Domain 
Within MaxMSP

Methodology:
I started off by creating the filter that would eventually go on to shape the sinusoid 
wave that my patch will be generating. i did this by adding a ‘button’ which when 
clicked will initialise the filter to start/play. I then added a ‘function’ object which 
would allow me to plot my X and Y axis points, (which determines how the sinusoid 
wave will be shaped/modulated). But to complete this phase I needed to attach a 
‘line~’ object so that the function would be used as an envelope.

Next I connected my filter to a multiplier, (‘*~’) and hooked this up to a Digital to 
Audio Converter, (DAC) as this is where our sound will be coming from. And i also 
connected the multiplier to a Scope~ I added so that we can see the visual 
representation of the final sound generated once it has been filtered. At the moment 
my multiplier is useless and will be until it has something ‘multiply by’. So I 
connected a dial which will be used for signal scaling to a separate multiplier, and 
connected that multiplier to my original multiplier. So now when I add my ‘cycle~ 
1000’ object and connect it to the second multiplier, my scaling dial will take effect on 
the sinusoid wave that the ‘cycle~’ will be generating.

I connected the ‘cycle~’ 
output to the secondary 
multiplier input, but to 
give me control over the 
frequency of this wave 
generated I added 
another dial and 
connected this to a 
‘number’ box. This is so 
that i can see exactly 
what frequency the dial 
is set to rather then 
having to judge/estimate. 
Even though i have all of 
the components needed i 
am going to add another 
scope~, just so that i can monitor the generated frequencies behaviour before it is 
modulated as well as after it is modulated. the finished product looked like Figure 8.

Results: 
The Patch was successful in allowing the user to generate the sound frequency the 
want, allowing them to scale, modulate and monitor that frequency.
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To test the full capabilities of this patch I started to experiment with the different 
components to see what 
effect i could achieve and 
what would stop my patch 
from working. I found that 
if you leave your final plot 
on the ‘function’ object as 
far as possible to the right 
of you X axis then your 
patch will continue to 
generate the sound your 
filter was last making. For 
instance, in the Figure 9 
diagram displayed to the 
right, the sinusoid wave 
went from a very gentle 
sound to a very aggressive sounding wave and stays like that instead of returning to 
its default sound, (by default i mean the sound that the user set with the two dials).

I also went on to see what happens when i change the range of the signal scaling so 
that the user would be able to see the wave form at a smaller scale. Unfortunately, by 
reducing the range of this dial scale the user was able to see a clearer representation of 
what was happening but was not able to hear what was going on as the signal became 
to quiet to be heard.

Conclusions:
This is very effective and and allows the user to have a lot of control over what is 
happening. The scales give an indication to what is happening but for the clearest 
representation of what is happening in the patch you would have to make the patch so 
quiet that it would be un audible. 

There is still room for improvement. i think that the patch would be better if the user 
had control over the messages being sent to the secondary scope~ (‘2’ and ‘256’). 
Also if the scaling dial had a ‘number’ box attached to it so that it could be monitored 
to perfection and change in a slighter way. The thing that would improve this patch 
the most though would be the ability to record what you are doing within the patch.
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Lab 2 Patch 2:  Recording LFO Modulation From My Patch

Objective: Use a Low Frequency Oscillator (LFO) to Modulate The Waves 
Generated and Record Your Progress. 

Methodology:
This patch is very similar to Lab 2 Patch 1, the method used for creating a sinusoid 
wave, scaling and monitoring was done exactly the same. but the difference is this 
patch uses a dial as an oscillator instead of using a ‘function’ object. So i connected 
the signal frequencies output to the inout of a ‘cycle~’ object, (via a ‘number’ box to 
monitor this dial). I then connected my cycle~ in to a multiplier. So as it stands i have 
two individual parts of my patch that are not connected. To connect them I simply 
took the output of the multiplier that is connected to the signal scaling and frequency 
dials, and connected it to the input of the multiplier that is connected to my LFO’s 
output.

The next step was to create another scope so that we can monitor the final waves 
behaviour, just like we can monitor the waves behaviour before it was fed through to 
the LFO.

The final stage was 
to make our patch 
recored the progress 
we have made. I did 
this by adding a 
‘dac~’ to the 
multiplier just 
before the final 
scope~, so that the 
scope~ and the dac~ 
were receiving the 
exact same 
information. This 
way the user can see a the closest possible representation of what is being recorded 
live.

Results: 

Conclusions:
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Lab 3 Patch 1: Building a Delay Line

Objective: Successfully Create a Patch That Opens an Audio File and Produces A 
Delay. 

Methodology:
I began by adding a ‘read’ message and connect it’s output to 
an object. Inside this object I typed ‘buffer~ mybuf 3000 1’. 
These three things are called arguments, ‘mybuf’ is the name 
for where our samples will be stored from our read audio 
file.  We also have the value of milli seconds we want the 
buffer to store, which in this case is 3000. Next is  the 
amount of channels being read from the audio file, i.e 1 for a 
mono signal and 2 for a stereo signal.

Next i added a function that would allow the user to hear the sample being stored in 
the buffer, this is an object called ‘play~’. But it needs to know what buffer it should 
be playing from and how many channels to play. So I typed in, ‘play~ mybuf 1’.

To get the play object to work I connected a ‘line~’ object to it’s input, and then 
connected the two following messages to the line~ object input. ‘0 0’ so that once the 
sample has played it can be ‘reset’. And ‘3000 1500’, meaning once clicked play 3000 
milli seconds of mybuf. The 1500 means play this sample at double it’s normal speed. 
If I wanted to play the sample at normal speed I would have to put, ‘3000 3000’.

After putting a file in to the buffer and getting it to play, I needed to create a delay 
line. So I used the ‘tapin - tapout’ method. I connected my ‘play~ mybuf 1’ object to 
an object that reads ‘tapin~ 500’, and then connected that to another object that read 
‘tapout~ 500’. Then connected the tapout to a dac~.
Results: 
The patch was successful in playing and adding a delay to the source file. The patch 
allows altering of the time domain of the sample that has been selected. Even though 
this is just the way the function works it would have been nice if the patch allowed the 
user to have control over the time domain. 

Conclusions:
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The patch did exactly what it was supposed 
to do, and it even gave the user control over 
the time between delays. However it didn’t 
allow the user to decide how many repeats 
their should be in this delay. When i looked 
deeper in to the patch and started changing 
the ‘tapin’ and ‘tapout’ values i discovered 
that they are controlling the speed of the 
time delay. But i was unable to turn down 
the delayed sample so that the original 
sample is louder then the delay. This was 
not part of the objective but i think this 
would have made the patch better. Also the fact that the user has to manually reset the 
patch after each time they play it is inconvenient. 

Lab 3 Patch 2: Extension of Lab 3 Patch 2

Objective: To control the volume of the original sample playback and the delayed 
sample playback individually. 

Methodology:
Using Lab 3 Patch 1 as a starting point, I knew that there would have to be some way 
of reducing and increasing the volume of both components individually. The best way  
to do this is to use ‘dials’. So I looked at where the signal breaks in to two separate 
signals and where they rejoin as one. For the main, (dry) sample there was absolutely 
nothing between these points so this seemed pretty straight forward. I tried 
disconnecting the dry sample from the multiplier which was adding the two paths 
together and feeding it to the input of a dial before feeding the dial to the original 
multiplier. But this did not work as the input of a ‘dial’ does not support the output of 
the ‘play~’ connection. So I added an additional multiplier which unlike the last 
multiplier, multiplies two signals and produces the final value. This way I was able to 
connect this output to the input of my original ‘multiplier’ and connect a dial to the 
secondary input of this multiplier.

Next i went to where the signal separates in to two signals again and looked at where 
they rejoined, I found that on the wet path, (the effected path) there are more places 
that I could put the dial ad multiplier. But only one place where the dial and multiplier 
would do what i want. Since i wanted the dial and multiplier to control the volume of 
wet sample playback I had to make sure there was already a wet sample to be played 
back. So i knew i couldn’t put these two objects before or during the ‘tapin~’ and 
‘tapout~’ command.
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I disconnected the output of the tapout~ 
message and connected it two my 
multiplier. I did the same process as 
described for the dry path. The only 
problem that i faced then was that a 
dac~ was receiving two different signals 
and was only playing one. So to ensure 
that both signal paths are heard in 
conjunction, I connected the two 
multipliers that were multiplying and 
fed them to a multiplier that adds two 
signals and combines them. This was then sent to the dac~ instead of two individual 
signals.

Results:

The patch was successful in allowing the user to control the volume of both the dry 
and wet signal individually. The patch turned out to be extremely similar to Lab 3 
Patch 1 but with added dials and multipliers.

At first I couldn’t hear much difference in volume when i was adjusting either of the 
volume dials. But once I changed the range of them from 128 to 10 and allowed 
floating integers, the difference in volume was a lot clearer at all volumes.

Conclusion:
In conclusion i personally think that this Patch is a much more efficient patch then 
Lab 3 Patch 1. Because the 1st patch did not allow the user to have any control over 
anything at all other then which sample they wanted to use. This way has only a few 
extra bits but it allows the user to define the exact volume they want to have for both 
individual oaths, (both dry and wet), which is a lot more idealistic considering the 
possible desired effects.

I think that the patch could be made better by allowing the user to define the duration 
of the desired delay. This would be useful because the user may be trying to create the 
image of a specific environment. For example the delay in an open field would be 
different to the delay of a hall. With duration I mean the duration of the time between 
each audible signal, and how long the delay will last for. However I imagine that this 
would take some drastic changes to the patch.

If we wanted to be really advanced we could even go on to apply slight reverb and/or 
sound filtering as the delay gets closer to it’s end. This would make the delay sound 
more realistic then it currently oes
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Lab 4 Patch 1: Frequency And Time Domain

Methodology:

I started the session but generating a sinusoid wave at 1000Hz.

With the view zoomed to just a few cycles manually measure the duration of one 
period of the waveform which should be a time in milliseconds. 
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1 cycle shows up to be 1milli second. Time = 1 / Frequency. (calculation done in 
head)

Select Analysis > Spectrum Analyser (FFT).., which should produce a frequency 
domain sub-display of amplitude against frequency. Provide an explanation of what 
the amplitude units/scale means. 
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This is showing me the frequency content of the sine wave i have generated. It 
showing that 1000Hz is the peek frequency but their is also some sound in the 
frequencies close to 1000Hz. I know this because of the Hz scale Z axis and the dB Y 
axis.

Block size 65536 smoothing window Blackman.

Block size 4096 
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With a lower block size this signal seems to be very broad in frequency content 
around 1000Hz, where as with a higher block size the frequency is shown to be a 
‘spike’. Meaning that there is not a lot of frequency content surrounding 1000 Hz. 

Also when the block size is set at 4096 and the sample loops, (creating a ‘clip’), the 
frequencies signal broadness is greater then at 65536. As if the signal is generally 
sloppier. I think this is because the block size is determining how much precision the 
signal is allowed to use.

When there is no ‘smoothing’ selected the signal looks like this at 4096 and 65536.
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1. Experiment with the audio frequency generator to create other types of waveform 
i.e. square wave and noise signals and comment on the frequency spectrums of 
these types of signals. 

2. Try opening/importing a music or speech file and obtain the FFT for these 
types of signal. In particular trying loading the ‘Corrupt voice’ file and measure the 
frequency of the interfering signals these values will be needed for future work in this 
unit. Use the camera icon to get a snapshot of the frequency spectrum.

Lab 5 Patch 1: Using filtergraph~ and biquad~

Objective: Use the filtergraph~ and biquad~ objects to realise digital audio filters in 
MAXMSP.

Methodology:
I started off with a filtergraph~ object and connecting it’s 1st input to the output of a 
message saying ‘lowpass’. This will determine the type of filter to be applied. Then I 
added a dial to control the cut off frequency of the filtergraph~ objet. I did this by 
connecting the output of a Dial control to the input of a number box, then the output 
of that number box to the final input of the filtergraph~. I changed the properties of 
this dial so that the minimum value of it’s range is 5,000, (5KHz) and the limit of the 
dials range is 20,000, (20KHz). The step multiplier is still 1.

Next up I had to create an ‘unpack’ object with 5 arguments. I did this by connecting 
an object to the 1st output of the filtergraph~ reading, ‘unpack 0. 0. 0. 0. 0.’ There 
needs to be 5 arguments because this is the number of values required by the biquad~ 
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filter object. I connected each of these arguments to floating point number displays so 
that the user can monitor and modify components of the filtergraph~. 

Finally i created a dial for my frequency testing. Set it’s range to 20 - 1000 and 
connected that up to a number box to monitor what is going on. After i did this i 
hooked that up to a cycle~ object and hooked the cycle~ object to a biquad~. My 
biquad~ has 5 other possible input channels so i connected their inputs to the 5 
number boxes coming from the ‘unpack’ object. Finally i connected my biquad~ 
object to a dac~.

Results: 
The patch was successful in allowing the user to use a filtergraph~ with the biquad~ 
to shape digital audio. I went on to experiment with sending different messages to the 
filtergraph~ like changing, ‘lowpass’ to ‘hipass’. This didn’t do anything, I then 
realised that I had to type ‘highpass’ in order to see a difference. I as soon as i clicked 
the ‘highpass’ message the filter and all of it’s properties changed. The signal didn’t 
sound as strong so i had to adjust the cutoff and test frequency of the patch.

Then i went on to experiment with the arguments being ‘unpacked’. I found that by 
clicking on one of these values in the number boxes and dragging it either up or down 
I was unable to change the shape being made on the filter. However moving these 
values allowed me to change the amplitude and tome of the sound being generated.
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Conclusions:
I’m happy with the patch as it does what it is supposed to do. I think that the patch 
would be better if it allowed the user to select either a ‘lowpass’ filter or a ‘highpass’ 
filter instead of their being one default message. Also i think that their should be an 
on/off button for the test frequency section, just for convenience.

Lab 5 Patch 1 Ex: Extension of Lab 5 Patch 1

Objective: Read in a wav file and apply this filter.

Methodology:
Using the previous patch as a starting point, I deleted the ‘test frequency’ dial and it’s 
number box, as these will not be needed to lay an audio file. I also got rid of the 
cycle~ object and selected a ‘read’ message. I sent this read message to a buffer with 
the same settings as a previous lab, ‘buffer~ mybuf 3000 1’. I then created a line` 
object and hooked that up to my ‘play~ mybuf 1’ object. I connected this to the dac~ 
and connected 2 messages to my line~ object, one sayin ‘0, 0’, (for reset) and the 
other saying the duration to play in milliseconds and at which speed, (3000, 3000).

Results: 
This worked and played the sample but this did not allow me to hear the sample being 
effected by my filtergraph~. I then tried connecting the output of my ‘play~ mybuf 1’ 
to the 2nd input of my filtergraph~ but this made my patch produce absolutely no 
sound what so ever. I tried the 1st input and got the same result.

After looking at the ‘filtergraph~’ help files it seemed that that the object was only 
compatible with synthesised audio from within MaxMSP, but i was determined to find 
a way that allows this filter to process an audio file. It even got to the stage where I 
was plugging the ‘play~ mybuf’ object into every available socket just to see if it 
would work.

After this failed I thought that maybe the more logical solution would be to apply the 
filter to the buffer storing the sample, then connecting the biquad~ to the ‘play~’ 
object, and connecting the ‘play~’ object to my dac~. The only thing was patch wasn’t 
filtering the sample, but it was playing the sample because the play function was 
connected to the dac~. This patch didn’t work as intended, so for now this patch’s 
result is a fail, and I will have to learn more about the flow of the patch before i can 
rectify it.

Conclusions:
I think that it was my fault as the designer why I couldn’t get the patch to work. If i 
had more time i would have explored more possibility’s to try and get the patch 
working. However i feel that there must be a component missing from the patch, 
because when i had the sample doing the exact same route that my sinusoid wave 
generator was going i wasn’t getting the same result.
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