Progress Report 2/5/2016
The goal of our project is to develop a program that will analyze the rhythm in the speech 

of children with and without language impairment. Unlike other methods of speech analysis that 

exist, our analysis process will exist entirely in one program, MATLAB. This will increase 

data collection efficiency, decrease time spent on data analysis, and automate the speech analysis process. The MATLAB program will output two scores, one for global synchrony and one for self-synchrony along with two corresponding circular statistic graphs.  Thus far, we have been able to use SimuLink, a MATLAB toolbox, to enable the dual recording of both a metronome and a speech recording. 
	With the dual recording set-up in SimuLink we have more recently been able to export the recorded data as variables in the form of doubles into MATLAB. We have also been able to filter the data by taking its envelope and are currently working on developing a low pass Butterworth filter in order to filter out the high frequency components of the signal and isolate only the speech oscillations. 
	 Last week, on Tuesday January 26th, we also had the opportunity to meet with Nori Jacobi, a research fellow at MIT. Dr. Jacobi has done extensive research in the rhythm and speech field; he also has experience with ‘tapping’ studies involving MATLAB. From our meeting with him we learned that the consistent latency in the recorded data imported from Simulink is a result of our computer’s sound cards. Additionally we learned that the linearly increasing lag is a result of a difference between the computer’s and Simulink’s recording frequencies. Dr. Jacobi recommended purchasing an external sound card, specifically the FocusRite Scarlett 2i2, in order to eliminate the lag and reduce the latency as much as possible. 
	In the upcoming weeks, we hope to purchase and setup the FocusRite Scarlett 2i2 in addition to an SM58 microphone and all the corresponding cords. We also will continue with the filtering of the speech data using the Butterworth filter and will begin to identify the speech beat peaks in addition to their corresponding 60% values. Once all of this is complete, we will begin working on the analysis of the data, and all the following tasks that are further explained in our updated Gantt Chart. 
	Overall, the project is on schedule. Although ordering the sound card and external parts may take some time obtain and set-up, we are still able to proceed with the development of the MATLAB code in the meantime. The expected cost of the sound card, microphone, cords and converter is about $275.00; these costs will be covered by the Vanderbilt Biomedical Engineering Senior Design budget. 

Updated MATLAB code:
close all;
clear all;
clc;
 
% Collect data
%record audio
samplingrate = 44100;
recObj = audiorecorder(samplingrate, 16, 1);
rec_time = 3; 
disp('Begin Speaking.');
recordblocking(recObj, rec_time);
disp('End of Recording.');
y = getaudiodata(recObj);
 
%envelope
z = hilbert(y);
env = abs(z);
nyquist = samplingrate/2; 
cutlp2 = 5; %Sets 5 Hz cutoff frequency
Wn3 = cutlp2/nyquist; %normalizes cutoff to work with butter func.
[a3,b3] = butter(1,Wn3); %produces transfer coefficients for 5 Hz lowpass
y3 = filter(a3,b3,env); %filters data labeled 'env'
%created time vector associated with envelope
step = rec_time/numel(y3);
t = [0:step:rec_time-step];
 
%plot envelope of speech recording
figure;
plot(t,env,'r');
title('Envelope of raw data')
[bookmark: _GoBack]
