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Introduction

The task to identify an unknown system by analyzing the input and output signal is called system identification.  Since a system is completely characterized by a transfer function, system identification is equivalent to determine transfer function of a system. The goal of this project is to do system identification of the speaker – microphone systems with two different size speakers. More specific goals are:

1. To determine the transfer functions of the two different speaker – microphone systems.

2. To see if it is possible to get the output sound as close to the input sound as possible by filtering the input signal with the inverse transfer function.

3.  To see if it is possible to make small speaker sound as big speaker and vice versa by filtering the input signal with its inverse transfer function and the transfer function of the other system

Experiment

Three musical sound samples which are played by three different instruments, and a random noise generated by MATLAB’s random function are used in this experiment as the input signals.  Each signal is fed to the line-input of a mini stereo system and the output signal is recorded by a small microphone placed in front of the speaker which is connected to the stereo system. The recorded sound samples are then processed and analyzed to determine the transfer function of the speaker – microphone system.  The set up of the experiment and the data process steps are illustrated in Fig 1.
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Input Signals
Musical sound samples are played by piano, flute, and guitar.  These instruments are chosen based on the availability of the source mp3 files on the WEB. They are used to see the difference in the system response to different types of input signals. A random noise sample is also used as the input to determine transfer function.

Speaker-Microphone System
A note PC is used to play the input sound samples and the signal is sent to the mini – stereo system.  The same PC is also used to record the output sound from the speaker though a small microphone connected to the PC by a audio cable.  

The volumes of the PC and the mini stereo are adjusted so that clear and good S/N ratio output sound samples can be recorded.  During the trial, it is found that the hard disk noise created by the PC when it is recording is too laud to ignore.  As a result, longer cable is used to place the PC outside the room to prevent the noise be picked up by the microphone.  

The 3-way 120W speaker of the mini-stereo system and a much small computer speaker which can be connected to the mini stereo system via the phone jack are used.  The input signal sent to the mini stereo is actually stereo sound, but only left speaker is used and left channel of the input signal is taken as the input sample. Sampling rate of recording is set to 44kHz.

Editing of the recorded sound samples
After recording, input sound sample and recorded sound samples are edited to have about 2 sec length and appropriate amplitudes for further processing.  This is done visually by a graphical user interface of a sound editing software.  Fig 2. shows the example of the recorded sound of a piano sound and the same sample after editing.
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Fig 2.

Preprocessing of the samples
More precise editing is done by MATLAB programs.  First, the lead/lag existing among the input and output signal sequences are eliminated.  Then, the end of the sequences are trimmed so that the input and two output samples have the same length.  To determine the lead/lag among the samples, cross-correlation can be used.  The peak position of the cross-correlation of an output sample against the corresponding input sample indicates either the lead or lag. Positive l means it is delayed and negative l means it has lead with respect to the input signal sequence.  The definitions of cross-correlation and auto-correlation are shown here.
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Since all samples are already edited to have close lengths and the lead/lag among the samples are minimized, it is not necessary to compute the correlation for the entire sequences.  Subsequence of certain length are taken at the beginning of the sample sequences and they are used to compute the correlations.  In addition to the computation cost saving, it is interesting to notice that increasing the length of the subsequence does not necessarily yields better result.

After the lead/lag are eliminated, the end of each sample is trimmed so that the length of the sequences in a sample set (one input signal sequence and two corresponding output signal sequence)  is set to the length of the shortest sequence.  Fig 3. shows an example of  “before” and “after” samples.
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Fig 3.

System Identification

A system is completely described by its impulse response in time domain, or transfer function in frequency domain.[image: image5.wmf]S
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  Energy density spectrums are used to compute the frequency response of a transfer function H(ej() as shown in the following equation. 
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To compute the energy density spectrum, Discrete Time Fourier Transform (DTFT) of one sequence and  the flipped sequence of the other sequence can be used instead of computing the summation.
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To compute DTFT, finite point Discrete Fourier Transform (DFT) is used with sufficiently large number of points.  The number of points is chosen to be the power of 2 to take advantage of Fast Fourier Transform for the computation of DFT.  

The transfer function of the inverse system is the inverse of the transfer function, and it can be computed immediately after the transfer function is obtained.

The MATLAB code to compute the frequency response of a transfer function and its inverse is shown bellow, where x and y are the input sequence and the output sequence in time domain, respectively.



M = ceil(log2(length(x)*2));



N = 2^M;



Sxx = fft(x,N).*fft(fliplr(x),N);



Syx = fft(y,N).*fft(fliplr(x),N);

H = Syx./Sxx;

invH = Sxx./Syx;

Now, the output signal of a system to any input signal can be computed by the transfer function obtained. Simply multiplying the transfer function to the DTFT of an input signal and taking the inverse DTFT gives the time domain response of the system for the input signal.  The transfer functions of the big speaker system and the small speaker system are computed using the four different sound sample sets.

Results

The results are presented in this section followed by the discussion in the next section.
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Fig. 4 Input signals and recorded output signals in time domain
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Fig 5. Input signals and recorded output signals in frequency domain
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Fig 6.  Transfer function determined by different sound samples

. 
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Fig 7.  Computed output signals and recorded output signals
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Fig 8. Recorded output signals of filtered input signals.

Discussion

Fig. 4 shows the recorded output signals of the two speaker-microphone systems for the four different kinds of input signals in time domain. It was observed that the big speaker better preserve the original shape of the input signal in tact while the output of the small speaker was slightly deformed.  It was especially the case with Flute sound sample.  Although it was much more subtle than expected, the difference between the output of these two speakers could be heard when these output sound signals are played. 

Fig 5 shows the input signals and recorded output signals in frequency domain.  The Y axes for the musical sound samples are normalized magnitudes of the frequency responses, and the Y axes for the noise samples are the magnitude in dB.  The upper frequency range is limited to 3500 Hz for the musical sound samples since it appeared to be no higher frequency component present in the musical samples.  

In frequency domain, it is clearer to see the effect of big/small speaker system in the output sound signals. The guitar sound signal was most well preserved in the big speaker system while the same input signal was severely distorted in the small speaker system.  The difference of the input sound and output sound of the guitar sample could be clearly heard when the sounds were played.

As seen in the Fig 5., the noise input signal contains all frequencies with equal magnitude.  This is very convenient characteristics as the input signal for system identification, because the output signal observed is directly related to the transfer function of the system.

For the system identification, it is important to excite the system with full frequency range to get accurate results, and it is another reason the random noise is ideal input for system identification.  Musical sound signals, on the other hand, have limited frequency range and the transfer functions obtained from these input signals are not true transfer functions representing the behavior of the system for the entire frequency range input.

Fig 6. shows the frequency responses of the transfer functions obtained with different sound samples.  Different transfer functions were obtained from different sound samples, while the system should have only one transfer function.  This fact confirmed the above point.

If the expected signal to be fed to the system has similar characteristics, however,  and is within the same frequency range of the sound signal used to identify the system, the determined transfer function may still work.  As matter of fact, if the input signal is the same signal used to identify the system, the obtained transfer function can predict the behavior of the system perfectly to this particular signal because no information is lost.  But it may do a poor job if the characteristics of the input signal is significantly different from the signal used for system identification. 

For a speaker system, all pass filter like characteristic is ideal, because the requirement for a good speaker is to be able to recreate the sound field as close as possible to that of the source input signal.  In this perspective, the big speaker, which actually consists of three different size speakers called woofer, tweeter, and super tweeter to perform for input signals with a wide range of frequency, did not perform well compared with the small speaker.  This was contrary to the expectation.  The magnitude of the higher frequency was dropping more than the small speaker, although the big speaker had performance in the lowest frequencies.  

This is probably because of the fact that the microphone was placed right in front of the woofer, the biggest speaker, picking up the sound mostly from the woofer which assumed to best perform in the lowest frequency range, while the small speaker is probably optimized to perform moderately for overall frequency range.  

Nonetheless, as long as the recording condition is kept identical, this  “3 way speaker + microphone placed directly in front of the woofer” system is still a valid system to be identified, although it may not show the true performance of the speaker. (I was little disappointed because this speaker system was much more expensive than the very cheap small computer speaker)

Fig 7. is the comparison of the computed, or “predicted” output signals for each speaker-microphone system and actual recorded output signals.  The predicted output signals were computed using the transfer functions obtained from the noise input samples.  The computed output signal matched well with the recorded signals for all types of the input sounds.  Listening to the computed sound samples and actual recorded sound samples verified the results.  As mentioned previously, it was not the case with the transfer functions obtained from musical sound signals.

Fig 8. shows the recorded output sound signals from each speaker system when the input signals had been filtered before they were fed to the system.  The first row is the output signal from each system when the input signal was filtered by inverse transfer function of the system that the input was fed.  Hb-1 is for the big speaker system and Hs-1,  is for the small speaker system.  The second row is the input signal before the filtering.  This “inverse filtering” was supposed to make the speakers produce the sound close to the original input signal regardless of their size, and it appeared to be successful.  

These pre-filtered input signal was then filtered again with the transfer function of the other system to make each system “mimic” the other.  Third row shows the recorded output signal of the filtered input signal and the forth row shows the recorded sound when normal input signal was fed, which is the same plot in Fig 5. and Fig 7.  Again it seems to match reasonably and it was verified by listening to the output sounds, although the presence of some high frequency noise and echo like effect could be noticed.

Contrary to what was expected, both small and big speaker could produce the signal that sounds like the other . Furthermore, the small speaker appeared to be performing better in the plot than the big speaker for this experiment.  The reason could be, again, the settings of the microphone, or the noise that might have been present during the recording.

Conclusion
The following goals were achieved.

1. Transfer functions of two speaker – microphone systems were determined.

2. The sound outputs of each system was successfully computed with the obtained transfer function.

3. It was possible to make each system sound like the other.

It was possible to make each system sound like the other system, but it may have been possible only for the input signals chosen in this experiment.  It might have produced more dramatic and different result if much less quality and smaller speaker whose characteristic is very different from the big speaker had been used.

The noise during the recording was found to degrade the quality of the system identification significantly.  Although the predicted output sounds in this experiment were good quality, it was still possible to distinct it from the real recorded sound.  One possible way to improve the system identification quality even better is to eliminate the noise either during the recording, or filtering the sample after recording to reduce the noise.  But it was out of scope of this project.  

Frequency response plots and comparing the sound samples by ear were chosen for evaluating the quality of the system identification, but taking the cross-correlation between the predicted output signal by the obtained transfer function and recorded output signal could be employed quantitative evaluation is needed.











































