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Abstract 
 
The goal of this bachelor thesis has been to investigate if the laboratory 
exercises in the courses digital filters and linear systems can be moved from 
matlab to a digital signal processor. The processor is a TMS320C6713 floating 
point processor mounted on a development board. 
 
The original laboratories have been implemented and analyzed and some 
suggested changes have been presented for the digital filter laboration. For the 
laboration in linear systems, the exercise can be implemented as it is today. 
Furthermore, a transmultiplexer has been implemented and tested for real time 
execution. 
 
Finally, an application programming interface has also been implemented, 
with common functions, used in the laboratories. 
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1 Introduction 
 
The courses digital filters and linear systems at Linköping University today 
use matlab to do simulations and calculations on discrete-time filters and 
signals. The background to this thesis is that the examiner in those courses 
wants to investigate if some of the laboratory exercises can be performed in a 
real digital signal processor and if it can be preformed in real-time. 
 

1.1 Goal 
 
The goal of this thesis is to investigate whether it is possible to implement 
parts of the laboratory exercises in the courses digital filters and linear systems 
in a digital signal processor. The target development board is a 
TMS320C6713 DSK from Spectrum digital.  
 
The thesis is divided in to different parts: 
 

• The primary part of the thesis has been to investigate if a part of the 
laboratory in the course digital filters, where one should implement a 
transmultiplexer, can be done in a digital signal processor. 

 
• Investigate if the transmultiplexer can be implemented to multiplex 

two audio signals in real-time. 
 

• If this should replace the existing matlab exercise, can it be done as is? 
What changes have to be made to make it possible to complete the 
laboratory on time? 

 
• Investigate if the development kit can be used for laboratory exercises 

in other courses like linear systems where one should add echo to an 
audio signal and do some basic filtering in matlab. Can this be 
performed in real-time? What changes have to be made to the 
exercises? 

 

1.2 Method 
 
Some work regarding this project had previously been done within the 
department of Electronic Systems but had to be put on hold because of lack of 
time. The first thing was to investigate what had been done and what problems 
that were encountered. Further, the laboratories were studied and implemented 
as the original ones. The implementation was then analyzed with respect to the 
amount of time that it will take to implement and the complexity of the 
implemented code and algorithms. 
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2 Hardware 
 
The digital signal processor that has been used in this project is a 
TMS320C6713, which is a floating point processor, mounted on a 
development board (DSK), see Figure 1. The development board can be used 
for a range of applications like image and audio processing. For audio 
processing, the board has connectors for line-in, microphone, line-out and 
headphones. The board connects to a computer through a USB interface. 
Figure 2 shows a block diagram of the DSK board with its components. This 
chapter will explain some of the components on the DSK in more details.  
 

 
Figure 1: TMS320C6713 DSK board 

 

 
Figure 2: Block diagram of the development board. Courtesy of Spectrum Digital, Inc. 
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2.1 Digital Signal Processor TMS320C6713 
 
The processor is a floating point processor from Texas instrument. It uses a 
very long instruction word (VLIW) architecture which gives a very high 
performance and low power consumption. At a maximal clock frequency of 
225 MHz the processor is capable of executing up to 1350 million floating 
point operations per second (MFLOPS) or up to 1800 million instructions per 
second (MIPS). It can execute up to eight instructions per cycle using its eight 
independent functional units. The functional units are grouped into two groups 
with 32 general purpose registers each [1]. 
 

2.2 Memory 
 
The processor has 256k bytes of on chip memory, but only 192k bytes is 
useful. There is also 16 M bytes of SDRAM and 256k bytes of flash memory 
mounted on the development board. The SDRAM memory will lose its 
content when the power is turned off. More external memory can be connected 
to the board through an onboard connection. All external memories are 
interconnected through the external memory interface bus (EMIF) [2]. 
 

2.3 Audio codec AIC23 
 
The audio codec that handles input and output of audio signals on the 
development board is an AIC23 codec from Texas Instruments. Both the 
analog-to-digital converter (ADC) and the digital-to-analog (DAC) converter 
support sampling frequencies from 8 kHz up to 96 kHz and with a resolution 
of 16 bits. Communication with the processor is done through two 
Multichannel Buffered serial ports (McBSP), where one channel is for data 
and the other is for control commands. Figure 3 shows the AIC23 audio codec 
interface [2]. 

 
Figure 3: AIC23 codec interface. Courtesy of Spectrum Digital, Inc. 

 



 

4 

3 Software 
 
This chapter will cover some aspects of the software implemented in this 
thesis project and some issues regarding execution speed for real-time 
applications. Further it will show some comparisons of execution time using 
compile time optimization and different data and filter structures. 
 

3.1 Code Composer Studio 
 
The software produced in this project has been written in Code Composer 
Studio (CCS) (Figure 4), which is shipped with the development board. CCS 
has many good features for developing software for signal processing. Some 
of the features are the ability to plot the content of buffer as a graph and the 
frequency spectrum of the buffer. CCS also has a good configurations tool that 
can create all configuration files automatically. Furthermore, it also has a 
powerful C compiler with optimizer for the target processor. 
 

 
Figure 4: Code Composer Studio 

 

3.2 Development language 
 
The code in this project has been written in the C programming language. This 
is due to the limited time of the project. The alternative was to write it in 
assembly language or use some inline assembly. However it is hard to write 
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efficient code that makes use of all the processors registers and functional 
units optimally in assembly. 
 

3.3 Real-time issue 
 
There mainly exist two types of real-time systems, soft and hard real-time [3]. 
In the case of the hard real-time system, if a deadline is not met this can result 
in a disaster. For the soft real-time system if a deadline is not met the system 
continues functioning but the quality of the system may decrease. 
 
A part of this project is to investigate if an audio signal can be processed in 
real-time. In this case the system will be a soft real-time system and only the 
quality of the audio signal will decrease if a deadline is missed. 
 
The approximate number of clock cycles the computations have to finish 
within can be calculated as 
 

frequenysampling

speedprocessor
cyclesclockofnumber ≈  (1) 

 
With a Processor speed of 225 MHz and a sampling frequency of 48 kHz this 
equation gives 
 

cyclescyclesclockofnumber 4688
48000

225000000≈≈  (2) 

 
For stereo audio the codec will produce two samples every period so the 
number of cycles will be approximately 2344 which is half of what (2) above 
gives. This is however only true if the samples from both channels can’t be 
processed in parallel. 
 

3.3.1 Optimization 
 
The large number of executed instructions per second relies on the compiler to 
optimize the use of the processors functional units, so the number of parallel 
instructions is maximized. By activating optimization at compile time the 
number of execution cycles can be reduced. 
 
Before activating the compile time optimization it is important to check so the 
program works correctly without optimization, because with optimization the 
code flow will change and debugging may not work properly. 
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The different optimization levels are: 
None: No optimization. 
-o0: Register optimization 
-o1: Local scope is optimized. 
-o2: Optimization is preformed at a function level. 
-o3: The whole file is optimized. 
 

3.3.2 Data structures 
 
At first, simple data structures for filters where data was shifted into the delay 
elements were implemented. This should be very inefficient as the majority of 
the time will be spent on moving the data. An alternative to this is using 
circular buffers. However, as will be shown later, this was not always more 
efficient than to move the data. 
 

3.3.2.1 Data move 
 
Moving the data in the buffer is done by copying the data from the previous 
delay element to the current. With FIR filters the delay elements can be 
allocated as an array. The moving of the data can then be done like this. 
 

 
Figure 5: Code example for moving data in the buffers 

3.3.2.2 Circular buffers 
 
Circular buffers can be implemented in many different ways. The processor 
used in this thesis has hardware support for circular buffers. This is however 
not used in this project because it requires some assembly code to access.  
 
In this project the circular buffer is allocated as an array with the size of the 
number of delay elements and a position pointer is used to track where the 
new sample should be written. When the pointer comes to the end of the 
circular buffer it is moved to the beginning again by using modulo arithmetics. 
 
Circular buffers should be faster than moving the data in the buffers but for 
some reason this was not the case. One reason for this can be that the overhead 
of calculating the read position and checking the buffer limits every loop gets 
larger than moving the data in the buffer. The difference of using circular 
buffers compared to moving the data in the buffer can be seen in Figure 6. 
 
The test was performed with filter coefficients from both the file Filters2.mat 
and filters3.mat and have an order of 93 respectively 147. No significant 
difference could be noticed that would implicate that for higher order filters it 
will be more efficient to use circular buffers then moving the data. 
 

for(pos = buff_size-1; pos > 0; pos--) 
     dly_buffer[pos] = dly_buffer[pos-1]; 
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Figure 6: Circular buffers vs. data move 

 

3.3.3 Direct form linear phase structure 
 
When using symmetric or asymmetric FIR (Finite-length impulse response) 
filters, only half of the filter coefficients are unique. This can be exploited for 
implementing a more efficient structure, namely the direct form linear phase 
structure [4]. With the standard direct form structure, the number of 
multiplications will be N+1 for an Nth-order filter. For the direct form linear 
phase structure, the number of multiplications will be (N+1)/2 for odd order 
filters and N/2+1 for even order filters. Figure 7 shows the resulting number of 
clock cycles from the execution of the respective filter structures. 
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Figure 7: Direct form linear phase vs. direct form structure 
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3.3.4 Floating point vs. fixed point 
 
The advantage floating point has over fixed point is a much larger dynamic 
range [5]. Even though the processor is designed for floating point arithmetics, 
the instructions will take more clock cycles than the instructions for fixed 
point arithmetics. The Figure 8 shows the result from execution using fixed 
point and floating point arithmetics. 
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Figure 8: Floating point vs. fixed point 

 

3.4 Data acquisition 
 
The processor has three ways of acquiring samples from the Audio codec. 
This part will describe the different ways to acquire samples from the audio 
codec. 
 

3.4.1 Polling based 
 
With polling based, the processor periodically checks if the audio codec has 
completed a conversion. Using this method some work can be done between 
the polling. The polling has to be done often enough so that no samples are 
missed. 

3.4.2 Interrupt based 
 
With interrupt based acquisition, the audio codec sends an interrupt signal to 
the processor when it has finished a conversion. A hardware interrupt handling 
routine has to read the sample value from the codec and possibly do some 
calculations on it. The routine has to be fast enough so that it completes its 



 

9 

task before a new interrupt occurs or the next sample value will be lost. If 
there is more than one interrupt that can occur there is a possibility that it will 
be missed. 
 

3.4.3 DMA based 
 
The DMA controller allows peripheral components direct access to the 
memory instead of sending it through the processor. The DMA is a bit tricky 
to use as it writes the samples directly to a buffer in memory. Using only one 
buffer will be very difficult as the DMA will constantly overwrite old samples. 
One way to avoid this problem is to use a technique called Ping-Pong buffers. 
By using two buffers; ping and pong, the DMA can fill one of the buffers 
while the processor can do calculations on the other. Due to the complexity, 
this is not used in the project. 
 

3.4.4 Chosen method  

 
Both the interrupt based and polling based methods have been used throughout 
this project in different implementations and the conclusion is that they work 
equally well. 
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4 API 
 
This section will cover the functions that were implemented in this project. 
The functions have been divided into three different groups, serial, block and 
help functions. 
 
For more information on arguments and functionality, see the comment for 
each function in the code. 
 

4.1 Serial functions 
 
These functions calculate one new sample for every input and have to be 
executed for every incoming sample. 
 

4.1.1 Filter functions 
 
Function name: Void fir_filter(Int16 *dly_buffer, const Int16 *filter, Uint16 
n_filter_coeffs, Uint16 position, Int32 *res ) 
 
This function calculates a new 32-bit integer sample value by doing a 
convolution sum between the delay buffer and the filter coefficients. 
 
Function name: Void fir_filter_64(Int32 *dly_buffer, const Int16 *filter, Uint16 
n_filter_coeffs, Uint16 position, long long int *res) 
 
This function calculates a new 64-bit integer sample value by doing a 
convolution sum between the delay buffer and the filter coefficients. 
 
Function name: Void fir_filter_double(double *dly_buffer, const double *filter, 
Uint16 n_filter_coeffs, Uint16 position, double *res) 
 
This function calculates a new double precision floating point value by doing 
a convolution sum between the delay buffer and the filter coefficients. 
 
Function name: Void fir_filter_complex_double(double *real_buffer, double 
*imag_buffer, const double *filter, Uint16 n_filter_coeffs, Uint16 position, double *real, 
double *imag) 
 
This function calculates two new double precision floating point values 
corresponding to real and imaginary part of a complex number. 
 
Function name: Void d_f_linear_phase_double(double *dly_buffer, const double 
*filter, Uint16 n_filter_coeffs, Uint16 type, Uint16 position, double *res) 
 
This function calculates a new double precision floating point value using 
direct form linear phase structure. 
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4.1.2 Multirate functions 
 
Function name: Void serial_polyphase_fir_upsample(const double *filter, Uint16 
n_filter_coeffs, double *dly_buffer, Uint16 pos, Uint16 factor, double *res) 
 
This function calculates N new sample values corresponding to the signal 
upsampled with a factor N. 
 
Function name: Void serial_polyphase_fir_downsample(const double *filter, Uint16 
n_filter_coeffs, double *dly_buffer, Uint16 pos, Uint16 factor, double *res) 
 
This function calculates one new sample from N samples using polyphase 
down sampling structures. 
 

4.2 Block Functions 
 
These functions take a block of data and calculate a new block of data.  
 

4.2.1 Filter functions 
 
Function name: Void block_fir_double(double *data_block, Uint16 data_size, 
double *dly_buffer, const double *filter, Uint16 n_filter_coeffs, double *res) 
 
This function takes a block of data, reads the samples into the delay buffer and 
performs a convolution between the delay buffer and the filter coefficients 
after every sample in the original buffer. 
 
Function name: Void block_fir_int(Int16 *data_block, Uint16 data_size, Int16 
*dly_buffer, const Int16 *filter, Uint16 n_filter_coeffs, Int16 *res) 
 
Same as the above function but for integer instead of double. 

4.2.2 Multirate functions 
 
Function name: Void upsample(double *data, Uint16 data_size, Uint16 n, Uint16 
offset, Uint16 res_size, double *res) 
 
This function performs an upsample of a data block by inserting N-1 zero 
valued samples between every sample in the original data block. 
 
Function name: Void downsample(double *data, Uint16 data_size, Uint16 n, 
Uint16 offset, Uint16 res_size, double *res) 
 
This function performs a downsample of a data block by extracting every Mth 
sample. 
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Function name: Void polyphase_fir_upsampler(double *data_block, Uint16 
data_size, Uint16 factor, const double *filter, Uint16 n_filter_coeffs, double 
*dly_buffer, double *res) 
 
This function performs an interpolation by a factor N using polyphase 
structure.  
 
Function name: Void polyphase_fir_downsample(double *data_block, Uint16 
data_size, Uint16 factor, const double *filter, Uint16 n_filter_coeffs, double 
*dly_buffer, double *res) 
 
This function performs decimation by a factor N using polyphase structure. 
 

4.2.3 Other functions 
 
Function name: Void block_add_double(const double *buffer1, const double 
*buffer2, double *result, Uint16 size) 
 
This function adds two buffers together and saves the result to a buffer. 
 
Function name: Void buffer_mult(const double *buffer, Uint16 size, double 
constant, double *result) 
 
This function multiplies the block of data with a constant and saves the result to a 
buffer. 
 
Function name: Void block_round(const double *buffer, Uint16 size, Uint16 n_bits, 
double *result) 
 
This function rounds every floating point value in the buffer to a specific 
number of bits using the formula in Chapter 5.1.1. 
 
Function name: Void SNR_complex(double *real_buffer1, double *imag_buffer1, 
Uint16 from, Uint16 to, double *real_buffer2, double *imag_buffer2, Uint16 size) 
 
This function calculates the signal to noise ratio between two buffers and 
returns the result as a double. 
 

4.3 Help functions 
 
These are other common functions that can be useful. Some of these functions 
are used by other functions in the above chapters. 
 

4.3.1 File functions 
 
Function name: Void csvwrite_double_complex(FILE *f, Uint16 size, double *real, 
double *imag) 
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This function writes the content of two buffers as a complex number to a 
comma separated file. 
 
Function name: Void csvwrite_double(FILE *f, Uint16 size, double *data) 
 
This function writes the content of a buffer to a comma separated file. 
 
 

4.3.2 Other functions 
 
Function name: Double complex_abs(double real, double imag) 
 
This function calculates the absolute value of a complex number. 
 
Function name: Void round_bits(double data, Uint16 n_bits, double *result) 
 
This function rounds the floating point value to a specific number of bits. 
 

4.4 Other important files 
 
Double_filters1.h 
Double_filters2.h 
Double_filters3.h 
Double_filters4.h 
 
These files contain floating point filter coefficients from the original 
laboratory and their 2 channel polyphase decomposition. 
 
Int_Filters1.h 
Int_Filters2.h 
Int_Filters3.h 
Int_Filters4.h 
 
These files contains integer versions of the same filter as above. 
 
For a complete list of files and their content see appendix A 
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5 Laboratories 
 
This chapter will give an overview of the existing laboration exercises and 
some possible problems with implementing them in a digital signal processor 
and using them in a laboration. It will also present some suggestions on how 
they can be changed to better fit the laboration 
 
This chapter will begin with the laboration in linear systems as it contains 
some basic parts used later in the digital filters chapter.  
 

5.1 Laboratory in linear systems 
 
In the laboratory exercise in linear systems the students are supposed to do 
some basic filtering, adding echo and investigating the effect of different 
sampling frequencies and sampling resolutions on an audio signal in matlab. 
The audio signal is created in matlab by loading a wav-file.  
 

5.1.1 Word length effect 
 
One part of this exercise is to investigate the effects of having a limited 
sampling word length. By having a larger number of bits the signal-to-noise 
ratio (SNR) will increase. For fixed point numbers the SNR will be:  
 

( ) bSNR b ∗≈= 02.62log20 10 [dB] (3) 

 
Where b is the number of bits. 
 
For floating point numbers the SNR will be:  
 

( )mnSNR −≈ 02.6  [dB] (4) 
 
Where n is the total number of bits and m is the number of bits in the exponent 
[5]. 
 
In matlab the resulting sampled signal will have floating point sample values 
in the range from -1 to 1 with a word length of 64 bits. To change the effective 
word length of the sampled data every sample can be converted by the 
following equation.  
 

 
b

b x
x

2

5.02
ˆ

+∗
=  (5) 

 
Where b is the resulting number of bits and x is the original sample value. 
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Equation 5 can also be used for limiting the word length of sample values and 
filter coefficients in the DSP processor when using floating point. 
 
In the DSP processor the sample values arrive as 16 bit unsigned integers. To 
change the effective word length the least significant bits have to be set to 
zeros. This can be done by doing a logical “and” operation with the sample 
value and a mask word. 
 

5.1.2 Sampling frequency 
 
When sampling a signal, the Nyquist sampling theorem states that the 
sampling frequency has to be at least two times higher than the highest 
frequency component of the signal to avoid aliasing [4]. One part of the 
laboration exercise is to investigate this phenomenon. 
 
The problem by doing this in the DSP processor is that the audio codec has an 
embedded lowpass filtering function that limits the input signal to half the 
sampling frequency to avoid aliasing. A solution to this problem is to sample 
the signal at a higher rate and then do a down sampling without an anti-
aliasing filter. 
 

5.1.3 Filtering 
 
In the exercise some basic filtering of an audio signal should be done. For FIR 
filters this is just a convolution between the filter coefficients and the sample 
vector [6]. Functions for this have been implemented in the API and filter 
coefficients can be generated in matlab for custom filters.  
 

5.1.4 Echo 
 
The last part of the exercise is to add an echo to the audio signal. To create an 
echo a number of samples have to be buffered and the oldest sample has to be 
added to the output signal. The figure 9 shows a block diagram of an echo 
generator. 
 

 
Figure 9: Block diagram of an echo function 

 
The number of delay elements that is needed will be: delay-time * sampling 
frequency. The delay array has to be stored in the SDRAM memory as the 
processors embedded memory is not large enough. 
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5.1.5 Conclusion 
 
The whole exercise can be implemented without any changes using the 
functions in the API and a simple code skeleton to start with. Some knowledge 
of the C or C++ programming language is however needed. The exercise can 
be executed in real-time for single filters with order higher than 100 without 
any audible distortion. Code composer studio can be used for plotting the 
content in the delay buffers and the frequency spectrum. 
 

5.2 Laboratory in digital filters 
 
The goal in the laboratory exercise in the digital filter course is to implement a 
transmultiplexer and to do some noise simulations on it.  
 
The transmultiplexer is mainly used to combine a number of separate signals 
that are to be sent over a common channel. This is done by first upsampling 
the signals and then applying a filter to remove the unwanted images of the 
signal [4]. The signals are added and sent over the common channel. To 
separate the signals, a set of filters are applied on the receiver side to isolate 
every sub signal. To get the original signal only a decimation is needed. Figure 
10 shows the block diagram of an M-channel transmultiplexer. 
 

 
Figure 10: Block diagram of a M-channel transmultiplexer 

 
For the transmultiplexer to work, the filters Fk(z) and Hk(z) have to be 
designed so that the downsampled transfer function of Fk(z)*Hm(z) becomes 
an allpass filter when k = m, and a band-stop filter for the whole frequency 
interval otherwise. If this is true the signal sk(n) will be reconstructed as a 
scaled and delayed version of the original signal with minimal disturbance 
from the other channels. 
 

5.2.1 2-channel TMUX 
 
A two channel TMUX can be derived from the M-channel structure such as 
figure 11. The four filters will in this case be two lowpass, F0, H0 and two 
highpass filters F1, H1. After the signal is upsampled, the anti-imaging filters 
have to work at a higher speed. This can be avoided by using polyphase 
structures [4] [6]. 



 

17 

 
Figure 11: Two-channel transmultiplexer 

 

5.2.1 Input data 
 
The input data in the original laboratory exercise is a text string modulated 
with 16-QAM modulation, generating a data array with complex numbers 
representing every character in the string. 
 
Filtering of the complex data array is performed by simply filtering the real 
and imaginary part separately and adding them.  
 

5.2.2 Upsampling 
 
Upsampling is done by inserting a number of zero valued samples between 
every real sample in the input sequence. After an anti imaging filter is applied 
to remove the mirror images that comes from upsampling. This method is 
however very inefficient and the filter has to do calculations on zero valued 
samples. One way to make it more efficient is to use polyphase upsampling 
structure (interpolator1) [4] [6]. 
 

5.2.3 Downsampling 
 
Downsamping is done by extracting only every Mth sample from the original 
sequence. Before this, a band limiting filter has to be applied to prevent 
aliasing. The filter has to work at a higher rate and only every Mth samples is 
useful. By using polyphase downsampling structures (decimator2) this can be 
done more efficiently [4] [6]. 
 

5.2.4 Filters 
 
Any type of filter can be implemented but functions for FIR filters have been 
implemented in the API both as regular structures and as polyphase structures.  
The four filter banks from the original laboration have been saved in header 
files as both floating point and fixed point. 
 

                                                
1 Upsampling followed by a anti-image filter 
2 Anti-aliasing filter followed by a downsampler 
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5.2.5 Noise simulations 
 
Part of this exercise is to investigate the effect of some different noise sources 
in the system. The noise sources that should be simulated are: 
  

• Noise on the common channel, modulated as white Gaussian noise. 
 

• Quantization of filter coefficients on filters f0 and f1 with a word length 
of 16, 8 and 4 bits. 

 
• Quantization of output from filters with a word length of 16, 8 and 4 

bits. 
 
Functions to quantize filter coefficients and output are implemented in the 
API. But the simulation of noise on the common channel has only been tested 
with noise generated from matlab and stored in a header file. 
 

5.2.6 Conclusion 
 
The original exercise can be implemented in the DSP processor but is not 
optimal to use in the laboratory for these three reasons: 
 

• The input data is represented as complex numbers and processing of 
the real and imaginary part of the data has to be done separately. 

 
• The result will have to be written to a file and read into matlab for 

conversion from complex values to a string. 
 

• Writing all the code that is needed for it to work will probably not be 
possible in the four hours of scheduled time. 

 
• The execution of the exercise will not be in real-time and will therefore 

not contribute anything more then extra work. 
 
The next chapter will describe how the laboratory can be reworked to better fit 
implementation in the DSP processor. 
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5.3 Rework 
 
After some discussion with the staff responsible for the laboration about 
changing the lab, the following text discusses some suggested changes. 
 
A code skeleton with the implementation of the real-time transmultiplexer for 
two audio signals can be available and the students have to write the code for 
some functions to get it to work. Some different functions can be implemented 
depending on how familiar the students are with programming in the C 
language. Suggested functions are the filter function and maybe 
implementation of polyphase upsample and downsample if there is time or as 
an optional assignment. 
 
An important part is to see the difference of the filters stopband attenuation, 
running the program with two different filter banks with stopband attenuation 
of 32 dB and 64 dB will show this very well. 
 
Some of the noise simulations can still be done, however functions for 
simulation of noise on the common channel have not been implemented in this 
project. Functions for quantization of filter coefficients and single data words 
are implemented in the API and can be used in the laboration. 
 
Testing of the implemented functions can be done by having a code skeleton 
for a test case with a given input sequence and a known output sequence to 
compare to. After the function is verified it can be copied to the 
transmultiplexer code for real-time testing. 
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6 Real-time audio TMUX 
 
This chapter will explain the implementation of the real-time transmultiplexer. 
 

6.1 Signal generation 
 
The development board has two inputs; line in and microphone in. However 
the codec can only select one of these to be used as active input. The 
transmultiplexer needs at least two signals so one has to be generated in the 
processor. The internal signal is generated by having a table of sample values 
representing a sine wave. For every sample from the audio codec, one sample 
from the table will be used as sample value on the other channel. 
 

6.2 TMUX Structure 
 
The upsamping and filtering on the input and the filtering and downsampling 
on the output can be done more efficiently by using polyphase structures. 
Figure 12 shows the basic structure from figure 11 but with polyphase 
interpolation and decimation structures [4] [6]. 
 

 
Figure 12: Two-channel transmultiplexer with polyphase upsample and downsample 
structures 

 
The filters F00, F01, F10, F11 and H00, H01, H10, H11 are decomposed from the 
original filters F0, F1, H0 and H1. 
 
The four filter banks in the files Filter1.mat, Filters2.mat, Filters3.mat and 
Filters4.mat have the characteristics shown in Table 1. 
 

Table 1: Filter type, order, and stopband attenuation 

Filter bank Type Order Stopband 
attenuation 

Filters1 HP, LP 41,42 32 dB 
Filters2 HP, LP 93, 94 64 dB 
Filters3 HP, LP 147,148 86 dB 
Filters4 HP, LP 93,94 80 dB 
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After some testing, it was clear that the filters from Filters1 do not have 
sufficient stopband attenuation and there will be some cross hearing. With an 
attenuation of 64 dB in the file Filters2 this is still the case but not as 
noticeable. 
 
The real-time transmultiplexer has been implemented both for fixed point and 
for floating point. For the floating point implementation the recommended 
sampling rate is 24 kHz and filters of order 94 can be used without any audible 
distortion. For the fixed point implementation, a sampling frequency of 48 
kHz and filters with order of 148 can be used without audible distortion. 
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7 Result  
 
The original laboratory in linear systems can be implemented in the digital 
signal processor without any problem. Functions for filtering and sample value 
quantization have been implemented in an API that can be used.  
 
The laboratory in digital filters can be implemented in the digital signal 
processor, but for reasons stated in this report, this is not optimal to use as it is. 
A suggested change to implement a real-time transmultiplexer for two audio 
signals has been given. A laboration manual was written in cooperation with 
Amir Eghbali (Appendix B) 
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Appendix A: Files 
 
Complete list of files: 
 
Header files: 
 
File Content 
Common.h Definition of common functions 
Multirate.h Definition of multirate functions 
Block_func.h Definition of block processing functions 
Filters.h Definition of serial processing functions 
 
Implementation files: 
 
File Content 
Common.c Implementation of Common functions 
Multirate.c Implementation of multirate functions 
Block_func.c Implementation of Block processing functions 
Filters.c Implementation of serial processing functions 
 
Filter coefficients: 
 
File Content 
Double_filters1.h Floating point filter coefficients and there first and second 

polyphase component 
Double_filters2.h Floating point filter coefficients and there first and second 

polyphase component 
Double_filters3.h Floating point filter coefficients and there first and second 

polyphase component 
Double_filters4.h Floating point filter coefficients and there first and second 

polyphase component 
Int_filters1.h Integer filter coefficients and there first and second 

polyphase component 
Int_filters2.h Integer filter coefficients and there first and second 

polyphase component 
Int_filters3.h Integer filter coefficients and there first and second 

polyphase component 
Int_filters4.h Integer filter coefficients and there first and second 

polyphase component 
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Appendix B: Laboration manual 
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