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Summary

This guide will show you how to use the MAX 9814 microphone amplifier to run continuous
audio sampling and run collected samples through a machine-learning audio inference model.
One important thing to note is that you cannot smoothly read from other sensors using the ADC
while doing continuous audio sampling. Doing this requires turning off the continuous sampling,
reading from the sensor, and enabling continuous sampling, which leads to gaps in the playback.

Hardware Requirements
- MAXO9814 microphone amplifier

Software Used

- Edge Impulse: Tool for training and deploying machine learning models targetting
embedded systems - https://www.edgeimpulse.com/

- This guide uses C++. Since the edge impulse library primarily uses C++, this makes
using it easiest with C++. If using C, it may still be possible to get this to work using
<extern “C”> but we have not verified this. You can follow this guide to try this for
yourself: https://isocpp.org/wiki/fag/mixing-c-and-cpp

Microphone Setup

We followed this wiring guide by a previous student group
(https://opencoursehub.cs.sfu.ca/bfraser/grav-cms/cmpt433/links/files/2022-student-
howtos/MAX9814-SetupForPlayableAudio.pdf) and modified it to use p9_33. To wire the
microphone please follow this guide.




Starting and Stopping Sampling

To start audio sampling (with the microphone attached to p9_33) run this script on the target:

start.sh

To end audio sampling, run this script:

stop.sh

These scripts were modified from the previously mentioned student guide to work with p9_33.

As mentioned in the summary, single-shot reading from the ADC cannot be done while reading
continuous audio samples. This was not something that was mentioned in the guide so please
keep this in mind. If you want to read from the ADC then run the stop script, read your sample,
then run the start script again. This approach is discouraged as it will lead to gaps in the audio
samples, which in our case impacted the accuracy of the audio inference substantially. If
choosing to follow this approach, write 0 and 1 directly to
“/sys/bus/iio/devices/iio:deviceO/buffer/enable” instead of calling the start.sh and stop.sh scripts
to reduce the latency.



Reading Audio Samples (C++)

We used this function to collect the samples from the buffer in a thread. The code on lines 100
and 113 is related to Edge Impulse, and will be covered later in this guide. The main lines of
code to focus on here are line 93, which opens the buffer file; line 103, which reads all samples
present in the buffer, and line 117, which saves the sample into an array. The number 1.7 on line
117 is a software gain on the audio — adjust this to whatever number works for you to increase
detection accuracy, though be cognizant of distortion that may be caused by overflow.

->1isShutdownRequested




Training Edge Impulse

We followed this guide - https://medium.com/@teswar159/audio-recognition-using-edge-
impulse-using-machine-learning-c5aScblea9ee - to train edge impulse to recognize a fire alarm
sound. The summary is

1. Collect samples — used youtube to get samples of fire alarms and background noise

2. Used MFCC (Mel Frequency Cepstral Coefficients) block to generate audio features with
default settings.

3. Trained Neural Network with default settings

4. Deployed using “C++ Library” option

Some things to keep in mind that were not mentioned in the guide:

- If the accuracy of your model reads as 100%, the model is likely overfitted (not enough
training data) or your testing data is too similar to the training data

- You can quickly get an idea of the real-world accuracy of your model by deploying it to
your phone and running it in the browser

Implementing Edge Impulse
Building

After exporting the C++ library you are given a folder containing your model and the edge
impulse library. To build it, you must use the Edge Impulse Makefile. The easiest way to
integrate the library with the rest of your project is to just add your source code files to the Edge
Impulse Makefile under CXXSOURCES after putting them in a folder in the same directory as
the Makefile.

Important: The library triggers some compiler warnings so it will not build using the -Werror
compiler flag. To fix this, turn off errors for the specific warnings that trigger errors, such as -
Wno-error=nonnull-compare.

The library is quite large so the first time you build it might take up to 5 minutes.



Running the Inference

All the code to run the inference is found in edge-impulse-sdk/classifier/ei_run_classifier.h. After
including this file, <run_classifier_init()> needs to be run before using the classifier. Next, fill up
your buffer with samples until there are EI_CLASSIFIER_SLICE_SIZE samples (defined in
ei_run_classifier.h) Once the buffer is full, run a function like this:

, &result,

updateA
printf 5 f es 5 g [ ification[@].value);
printf

This will run the audio through the classifier and return a float value of the certainty that a sound
is a fire alarm, where 0.0 is 0% and 1.0 is 100%. The audio buffer is fed to the classifier using
<signal.get data = &getSound;> where getSound is:

t length, float tout ptr) {
, out ptr, length);

Where <sound> in this function is the audio buffer containing your samples.

When you close the thread remember to run <run_classifier_deinit()> to free all memory used by
Edge Impulse.



Troubleshooting

- If the inference returns a constant value, then the microphone likely isn’t collecting
samples correctly.
o Try checking the connection on the wires
o Ensure the start.sh script was run
o Ensure you are using p9_33 or correctly modified the script to use a different pin
- If the inference is wildly inaccurate:
o Try changing the gain of the microphone using the “MAX9814 Setup for playable
audio” guide
o Try retraining your model with a larger set of diverse training data
- If an error message along the lines of “resource is busy” is shown when attempting to
read from ADC:
o You are most likely trying to read in single-shot mode while doing continuous
sampling. Turn off continuous sampling to take your single-shot sample then
enable it again.
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