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ABSTRACT 

Cosine modulated filter banks are widely researched and used in signal compres

sion because they can provide perfect reconstruction (PR) while maintaining a low 

computational cost. Their ability to provide PR can be hindered by the device that 

they are implemented on. Fixed-point digital signal processors require that the filter 

coefficients be quantized, force resultants to be rounded, and are subject to overflow. 

All three can lead to reconstruction errors. For the filter bank to preserve its PR 

properties, its realization structure must be robust to these three sources of error. 

This structure is then implemented on a fixed-point device, such as a TI C6201 DSP 

without losing a valuable property. This is validated in this thesis along with showing 

that the frequency response of the filters is upheld by this structure through the use 

of Matlab simulations supported by a DSP implementation. 
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CHAPTER 1 

INTRODUCTION 

Filter bank research and applications are continually growing, encompassing appli

cations from subband coding to multicarrier transmission. One property that remains 

constant through a majority of these apphcations and furthering research is perfect 

reconstruction (PR), the ability to reconstruct a signal after subband decomposition 

and sample rate reduction so that it is identical to the original signal. The value 

of this property has increased to great heights. It allows an analysis synthesis filter 

bank to be able to code and decode a signal or image or enables a transmultiplexer 

system, used for multicarrier transmission, to effectively combine and then separate 

different frequency bands. One filter bank that has risen to the top of popularity in 

the realm of filter banks is the cosine modulated filter bank due to its capability to 

provide PR while sustaining low computational costs. 

Despite this filter bank's abifity to provide PR in theory and simulation, many 

implementations are using digital signal processors (DSP) to perform mathematical 

computations at high speed and low costs which can hinder the PR properties. The 

most common DSP's are fixed-point processors because they are faster and cheaper 

than their counter part fioating-point processors. Fixed-point processors use a fixed 

wordlength to store and manipulate numbers. This fixed wordlength constrains the 

filter coefficients and modulating sequences as well as making the entire system very 

vulnerable to overfiow and round off error. The constraints imposed are in the form 

of quantization. AH the coefficients of the filter and modulating sequence must be 

quantized. The quantization, along with rounding and overflow of the resultants 

of multipfication and addition respectively, can result in reconstruction error. This 

nulfifies the PR properties of the filter bank. 

For the cosine modulated filter bank to be used practically on fixed-point pro

cessors it must be robust to quantization, rounding, and overflow. The theory of a 

structure that meets these conditions is presented in [8]. This structure is based on 



exploiting the symmetry properties of the modulation matrices used in a polyphase 

cosine modulated filter bank. The symmetry aUows for the decomposition of the pro

totype filter into so called zero-delay and maximum-delay matrices. The format of 

these matrices is the heart of this structure's robustness to the negative effects of a 

fixed word length processor. 

The following thesis is to validate the claims that the structure presented in [8] is 

robust to coefficient quantization, rounding, and overflow in terms of PR. However, 

these three sources of error can have some influence on the frequency characteristics 

of the filters. The frequency response of the filters and their abifity to provide perfect 

reconstruction in a fixed-point world will be demonstrated in Matlab, using Simulink's 

Fixed Point Blockset, then compared to an implemented on an actual fixed point DSP, 

TI's C6211 DSK. One assumption that will be made throughout this thesis is that 

the modulation matrix is perfect. 

1.1 Digital Signal Processors 

A wide variety of DSPs exist on today's market that are suppfied by various com

panies. One of the leading companies in DSP production is Texas Instrument (TI). 

TI DSPs are classified by their function and their architecture, which is often dictated 

by the DSP's function. The three major families are as follows. It is important to 

note afi product ID are shortened from TMS320CXXXX to simply CXXXX. 

• C6000 DSPs are specifically designed for high performance. Each DSP in this 

family contain two multipliers and six arithmetic units. The instruction set 

is made up of 32-bit RISC instructions, 8 of which are fetched by the CPU 

every cycle. Then these 8 instructions can be executed in serial, parallel, or 

a combination of serial and parallel. This optimized structure helps to reduce 

code size and program fetches. 

• C5000 DSPs are designed to be power efficient. This family's ability to have 

a power consumption as low as 0.9mW for every million instructions per cycle 



(MIPS) makes it ideal for digital music players, 30 cell phones, and digital 

cameras in addition to the MIPS rigorous voice and data applications. 

• C2000 DSPs are designed for control oriented systems. The goal of these DSPs 

is to combine the best of DSPs with that of microcontrollers. Thus these DSPs 

excel at running embedded control applications. 

All information regarding these 3 families of DSPs was obtained from [1]. Each of 

these families can be further divided into groups depending on whether the DSP is 

fixed point or floating point, contains additional peripherals, size of on chip memory, 

etc. 

This thesis centers around the C6000 family, therefore the C5000 and C2000 fam

ilies will not be discussed any further. The next division in the C6000 family is the 

distinction made between fixed point and floating point. The C62xx and the C64xx 

class represent the fixed point processors, while the C67xx characterizes the fioating 

point processors. The only distinction between the C62xx and the C67xx devices is 

the additional instructional sets that provide floating point capability to 6 of the 8 

functional units. This makes the C67xx a superset of the C62xx class. The C64xx 

class has been extended to support several specific apphcations, such as support for 

packed data processing and special purpose instructions to accelerate broadband in

frastructure and imaging applications [1]. 

Despite the difference between fixed point and fioating point there is little dis

parities between the C67xx and the C62xx. Both have two different chips that can 

be purchased on different developers' board. The most basic and cheapest of these 

developers' boards is the developers' starter kit (DSK) which can be purchased with 

either a C6711 or a C6211, shown in Figure 1.1. The DSK connects to a host com

puter by the parallel port and is good for experimenting with using a real-time digital 

signal processor. 
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Figure 1.1: TMS320C6211 DSK 

A more advanced powerful board is also available and referred to as the EVM 

(evaluation module). The EVM is available with either the C6701 or the C6201 DSP, 

shown in Figure 1.2, and connects to the host computer via the PCI bus. These 

boards are good for developing, analyzing, and testing DSP algorithms. 
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Figure 1.2: TMS320C6201 EVM 

There are differences in the way the C6xll (C6711 and C6211) and the C6x01 

internal memory is structured. The C6x01 has a straightforward internal memory 

structure with 64kB RAM/cache programable memory and 64kB of data memory 

The C6xl l has a more complicated internal memory structure. It consists of twc 

different levels. Level 1 contains 4kB of programable cache and 4kB of data cache 

The second level has 64kB of memory that can be defined as either RAM or cache 

The advantage of this two level system is that it enables 1GB of external SDRAM tc 

appear as 1GB of internal memory by the DSP chip. [7] 

For more detailed information concerning all three families TI DSPs refer to [1]. 

1.2 DSP Applications in Telecommunications 

Mobile communications has been one of the hottest industries over the past decade 

In some countries the number of mobile users has out grown the number of fixed line 

users, such as Finland. This demand has helped to drive the development of smallei 

more integrated connnunication devices that provide functions beyond that of ai 

ordinary phone. Current mobile "phones" have the capability to send text messages 



access the internet, play mp3's, plus many more. To be able to supply these numerous 

functions mobile communications has gone digital. This is where DSPs come into play. 

DSPs are used in speech coding, multipath equafization, signal strength and quality 

measurements, voice messaging, error control coding, modulation, and demodulation 

[12]. The use of filter banks for modulation, demodulation, and equafization can be 

found in [17] and [16]. 

1.3 Outline 

This thesis will be laid out with Chapters 2 and 3 giving the necessary background 

for the lay out of this thesis. Chapter 2 states the negative eflPects of a fixed point 

processor and how these problems are treated to minimize their influence. Chap

ter 3 is an introduction into the various types of filter banks being researched and 

implemented along with some of the major characteristics. 

In Chapter 4, the effects of fixed point arithmetic on filter banks will be shown. 

It gives examples of how simply quantizing the filter coefficients affects the designed 

properties of the filter bank along with the frequency response. This chapter also 

presents a new structure that will be robust under the negative effects of a fixed 

point processor. Simulation results will be given to support this claim. 

The basics of programming a DSP and implementation of this structure are stated 

in Chapter 5. Also shown in this chapter are the reconstructed signals obtained from 

Texas Instrument's C6211 DSP chip. 



CHAPTER 2 

FIXED POINT MATHEMATICS 

2.1 Introduction to Fixed Point 

Digital signal processors are described by the number representation that they use, 

fixed point or fioating point. Fixed point processors handle and manipulate numbers 

in an integer format, while floating point processors have the necessary hardware to 

handle integer numbers as well as rational numbers. Traditionally fixed point proces

sors are faster and cheaper than floating point processors due to a requirement of less 

silicon and fewer pins [10]. This thesis focuses primarily on fixed point processing, 

thus only the basic differences will be discussed in regard to the floating point format 

while fixed point error and arithmetic wifl be discussed in some detail. For more 

information regarding fixed point and floating point arithmetic see [9]. 

2.2 Fixed Point versus Floating Point 

As stated earlier the fixed point format uses an integer format to handle num

bers. This is done using a variety of representations: signed magnitude, one's com

pliment, or two's compliment system. Positive numbers for all three representa

tions are the same. The decimal value X of a binary number B that is given by 

B = 67V-1&7V . • • bibo, hi G {0,1} can be found from equation (2.1). This equation 

was taken from [9]. 

X = -bN-i2''-' + 6^-22"^-' + . . . + 6i2i + 6o2° (2.1) 

The representations differ in how negative numbers are represented. Signed mag

nitude uses a sign bit located at the most significant bit (MSB) to distinguish the 

difference between positive and negative numbers, and the remaining bits represent 

the number, as seen in Figure 2.1. A one's complement negative number is obtained 

by taking the complement of its positive equivalent number. A negative two's com

plement number is found by adding a binary 1 to the equivalent one's complement 

7 
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Figure 2.2: Floating Point Representation of a Binary Number [5] 

number. In equation (2.1) the negative sign is for negative numbers. If the number is 

positive, b^-i is zero and the summation results in a positive number. For a negative 

number, 6iv-i is a one. The sum of the 67V-2 to 60 will be less than 2^~^ resulting in 

a negative number. 

The main advantage of a two's complement number is that both addition and 

subtraction can be performed with the same hardware as shown in [2]. A smaller ad

vantage is that two's complement representation has a slightly larger dynamic range 

than one's complement or signed magnitude. The dynamic range for a two's comple

ment number is —2^^"^^ to 2^^"^^ — 1, while the range of signed magnitude and one's 

complement is hmited to —2^^" )̂ -I- 1 to 2^^"^) - 1, where N is the number of bits. 

This difference is because two's complement only has one representation for 0, while 

the other two have two different representations for 0. Having a limited range leads 

to a few issues that must be addressed when programming, such as quantization and 

overflow. 

The advantage of floating point is that the dynamic range is greater and they have 

a greater precision. Floating point numbers are stored using a sign bit, an exponent, 

and a mantissa, shown in Figure 2.2. This system is based on the IEEE 754 standard 

[5]. According to this standard, the decimal number X is given by equation (2.2). 

8 



X = (-l)^(l.F)2(^-i27) (2.2) 

Here S is the sign bit(0 for positive and 1 for negative), F is the mantissa in two'2 

compliment binary fraction representation, and E is the exponent in excess 127 form. 

A 32-bit floating system has 1 sign bit, 8 exponent bits, and a mantissa of 23 bits. 

An example from [5] uses the floating point number 

01000 0011.1100... 00000. 

The exponent is 1000 0011 = 131, a mantissa of 0.1100... = 0.75, and s = 0. The 

resulting number is given by 

X = (1.75)2^3^-127 ^ 28. 

2.3 Number Representation 

One disadvantage of fixed point is the hmited range. Numbers greater than 32767 

and less than -32768 cannot be represented on a 16-bit processor. To cope with 

this problem the numbers are normalized to a range from -1 to 1. Normahzing the 

dynamic range ensures that any multiplication carried out will stay within the given 

range since the product of two fractions is a fraction. One drawback of this method is 

that it is susceptible to a form of roundoff error referred to as underflow. This occurs 

when there is a resultant of zero for a smaU product. Normalizing the dynamic 

range produces the following equation for finding the decimal equivalent for a binary 

number. 

X = -6o2' 4- bi2-' + ... + 6yv-22-(^-2) + 6yv_i2-(^-i) (2.3) 

Having a fractional representation instead of an integer representation can be 

accomplished by interpreting the binary point right after the sign bit. A binary point 

is a programmer's concept and is not needed in hardware. Therefore, it is entirely up 

to the programmer to keep track of its location. This fractional format is referred to 

as the Q format [9]. The most common Q format is the Q15 format, which is used 



by 16 bit processors. A sign bit (followed by the imaginary binary point) and 15 

fractional bits represents numbers in Q15 format. 

To obtain the Q15 binary number, or its equivalent hexadecimal number, from 

a fractional number simply multiply the fractional number by 2^ ,̂ then convert this 

number to a binary number. The resulting binary number can then be easily stored 

as a hexadecimal number. 

A problem that cannot be alleviated by any number convention is that some degree 

of round off is going to occur when the binary numbers are multiplied together. When 

two 16-bit numbers are multiplied together, the resultant is a 32-bit number. The 

32-bit resultant consists of 2 sign bits (the 31st bit being the sign bit and the 32nd 

bit being the extended sign bit) and 30 fractional bits. If an additional register is not 

used to keep track of all 32 bits, then 16 bits must be dropped. Common sense tells 

us to keep the 16 most significant bits. By using a 15-bit right shift the upper 16 bits 

are stored in a Q15 format [9]. The right shift truncates the resultant decreasing its 

accuracy causing the resultant to be rounded off. 

2.4 Overfiow and Scahng 

Overflow occurs when a resultant exceeds the dynamic range of the processor. 

Overflow occurs in addition as well as multipfication, however overflow as a result of 

addition is not as easily solved as that with multipfication. The sum of two fractions is 

not necessarily a proper fraction invalidating the preceding normalization technique. 

Instead the concept of scafing is applied to prevent erroneous results due to overflow. 

To prevent overflow, the input is scaled down so that the sum of two numbers that 

previously resulted in an overflow error no longer exceed the dynamic range. Then 

the output signal is scaled back up to its original level. If a fllter is being applied to 

the input signal, the filter coefficients themselves can be scaled to prevent overfiow 

instead of the incoming signal. An easy scafing approach is to reduce the signal by 

0.5. This is equivalent to shifting the input signal to the right by one bit. Shifting a 

signal by two bits is the same as multiplying the signal by 0.25, i.e., an n bit shift to 

10 



the right is equivalent to multiplying the signal by 0.5". 

The disadvantage of scaling is that the signal to noise ratio (SNR) is reduced. 

The signal level is being scaled down, but the quantization level is not. Then the 

noise level is increased when the signal is scaled back to its original level. Also, 

each bit that is shifted to the right reduces the precision of the signal. However this 

reduction in the SNR is relatively insignificant when compared to erroneous output 

due to overflow. 

11 



CHAPTER 3 

FILTER BANK 

The overaU concept of a filter bank is relatively simple. More than one filter is 

arranged in parallel to separate a signal into different frequency bands so that each 

individual subband can be processed separately. Then aU the subbands reconstruct 

an output signal. A filter bank consists of two primary sides, the analysis side and the 

synthesis side. The function of the analysis side is to separate the incoming signals into 

their respective subbands. The goal of the synthesis side is to recombine the subbands 

into a single signal. Each side contains two major blocks, a downsampler/upsampler 

and a digital filter. The generic structure for an M channel critically decimated filter 

bank and its corresponding frequency response is shown in Figure 3.1. A critically 

decimated filter bank is one whose downsample/upsample rate is the same as the 

number of channels. 

X(z) 

> Ho(z) -*^U 

H,(z) IM 

Hj(z) -»- iM 

HM.W IM 

a 

u 

15 
B 
Ml 

• t M - • Fo(z) 

• t M F,(z) 

t M FjCz) 

> t M FMIW 

- • Y(z) 
K('"l 

ai. 
H'-\ •^y} 

-Km K/M 
•*• CO 

M-Chamel Filter Bank Frequency Magnitude Response 

Figure 3.1: Block Diagram of M-Channel Filter Bank with Frequency Response 

3.1 Modulated Filter Banks 

One current methodology for constructing a filter bank is to design a prototype 

filter that meets all the desired properties and shift the prototype filter in the fre

quency domain to create the fuU M channel filter bank. The resulting filter bank is 

referred to as a modulated filter bank. There are several different forms of modu

lating the prototype filter a two of which are: using a complex exponential (discrete 

12 



Fourier transform (DFT) filter bank) and using a cosine function (cosine modulated 

filter bank). A DFT filter bank is found by using the modulating equations (3.1) and 

(3.2) where M is the number of channel, N is the the length of the prototype filter 

p[n], and D is the overaU system delay [4]. 

hkln] = V2 • p[n] • e^-^("-T) n = 0 , . . . , A ^ - l A: = 0 , . . . M - 1 

fk[n] = V2 • p[n] • e^'^("-T) n = 0 , . . . , A ^ - l A; = 0 , . . . M - 1 

(3.1) 

(3.2) 

The focus of this thesis is on the cosine modulated filter bank which is modulated 

by the equations (3.3) and (3.4) for the analysis and synthesis filters respectively [4]. 

Again M is the number of channels, TV is the the length of the prototype filter p[n], 

and D is the overall system delay. These variables wiU represent the same quantities 

throughout this paper. 

TT ,, L , D, , i^TT 
h,[n] = 2-Pin] . cos ^— • (A; + - ) • (n - - ) -f (-l) '^-J n = 0 , . . . , Â  - 1 (3.3) 

7r ., 1. . D, , -xfc^ 
h[n] = 2-p[n] • cos ^ - • (A; + - ) • (n - - ) - (-1) ^ k = 0,... M -I (3.4) 

3.2 Perfect Reconstruction 

A perfect reconstruction (PR) filter bank simply states that the output signal is 

a delayed version of the input signal with no added distortion. Mathematically this 

states that the ahas function, Taiias{z), is equal to zero and the distortion function, 

Tdi3t{z) is equal to a delay [3]. This is shown in equations (3.5) and (3.6) with 

Wi, = expl-j{27re/M)]. 

M-l 

fc=0 

M - l . M - l 1/2 

Tobias = ( E 1^ E '̂(̂ ) • ^^(-OlO = 0 
e-1 k=o 

(3.6) 
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3.3 System Delay 

The D in the equations (3.1), (3.2), (3.3), (3.4), and (3.5) represents the overaU 

system delay which is the number of samples the output signal is delayed from the 

original input signal given by (3.7). 

D = 2sM -\- d (3.7) 

Here the variables s and d are integer delay parameter. The parameter s is given in 

the design of the prototype filter and d is set to 

d = 2M -1. (3.8) 

Note that this is the most popular choice for the delay found in the hterature. If the 

analysis and synthesis filters have a linear phase (also referred to as orthogonal) then 

the overaU system delay is the length of the filter minus 1, i.e., N — I. However, if 

these filters do not have linear phase (known as biorthogonal), then the system delay 

can be less than N—1. Having a short delay can be crucial in certain apphcations such 

as in hearing aid application [15]. For more information on developing the low-delay 

biorthogonal filter banks that are discussed in [15], refer to [14]. 

3.4 Polyphase Filter Banks 

The filter bank structure shown in Figure 2.2 is not the most efficient structure 

because after the filter has been apphed M - 1 out of M samples are thrown away at 

the downsample. A more efficient structure would downsample first and then apply 

this filter thus reducing the necessary multiplications and additions required and only 

apply the filter on those samples that are being kept. It has been shown in [13] that 

such a structure is possible. This structure, known as a polyphase filter bank, is 

shown in Figure 3.2 for a cosine modulated filter bank. 

The polyphase filter coefficients composing Ge and Kg form the prototype filter 

given by equation (3.9), and the modulation matrices are given by equations (3.10) 

14 



for the analysis and synthesis modulations, respectively [4]. 

2 M - 1 

P(z) = E ^-'Geiz'"), Ge = Ki (3.9) 

e=o 

Figure 3.2: Block Diagram of a Polyphase Cosine Modulated Filter Bank [8] 

[CI]A;,^ = 2cos 
2 / M V 2 / ^ ^ 4. 

[ C 2 ] M = 2COS[(A;-F 

, 0 < /c < M - 1, 

, 0 < ^ < 2 M - 1 (3.10) 

The generated analysis and synthesis subband polyphase matrices become that of 

equations (3.11) and (3.12), respectively. For a complete derivation of these equations, 

refer to [4] and/or [8]. 

Ee(z) = 

- 0 / 

' 1 , ^ 

^1 ^1 ^1 

^1 ^1 r^ 

Ge(-z') 0 

0 G,_e-M{-z') 

z-'Ge^M{-z') 0 

0 z-'G,^e{-z^) 
(3.11) 
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l^e{z) = 
z-'Kd-e{-z^) 0 Kd-i 

0 z-'Ke+M{-z^) 

^0,2M-\-d+l 

^0,M-1-^ 

^0,3M-l-d+£ 

'-M{-Z^) 0 

0 Kei-z"^) 

^M-l,2M-l-d+e 

^M-1 ,M-1 -^ 

' 'M- l ,3M-l -d+^ 

^M-l,2M-l-e 

(3.12) 
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CHAPTER 4 

ROBUST FIXED POINT FILTER BANK STRUCTURE 

In the two previous chapters, fixed point arithmetic errors and filter banks were 

discussed. The goal of this chapter is to bring the two together. It has been stated that 

implementing a filter bank on a fixed-point processor can negate the PR properties 

of the filter bank due to overflow, round off, and coefficient quantization. In bringing 

the two together, the filter bank structure presented in [8] will be discussed in some 

detail. 

4.1 Fixed Point Effects on Filter Banks 

To show the effects fixed point processors have on filter banks, the coeflicients 

for cosine modulated filter bank are found using the orthogonal and biorthogonal 

prototype filter shown in Figure 4.1. Both of these prototype filters are for an 8-

channel cosine modulated filter bank with an overaU delay of 31 samples; however, 

the biorthogonal filter has a length of 64 as opposed to a length of 32 for the orthogonal 

filter. The filter coefficients of both filters have been quantized to 8 and 16 bits. 

Onginal 
Ouantbsd 8 BlU 

- Ouantlzsd 16 Bits 

0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 

Normalized Angular Frequency()at reds/sample) 

0,1 0.2 0.3 0.4 0.5 0.6 0 7 0,8 0 9 l 

Normalized Ar^gular Frequer>CY(>ot radt/tampie) 

Figure 4.1: Linear Phase Prototype Filter (left) and Nonhnear Phase Prototype Filter 
(right) with Delay of 31 Samples, (original solid fine and quantized dashed lines) 

It can be seen that there is a drastic difference between the 8-bit quantized filter 
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and the original prototype filter in both cases. What is less apparent is the difference 

between the 16-bit quantized filter and its corresponding original filter. In fact, there 

appears to be no difference at all; however, when zooming in one can observe a sfight 

difference in the stop band attenuation. The 16-bit quantized filter strays sfightly in 

the valleys of the stop band attenuation. This slight difference can have an impact 

on the PR property of the filter bank. 

A signal consisting of a 100 Hz square wave, sampled at 800 Hz and a length of 

16000 samples, shown in Figure 4.2, was apphed to the filter banks produced by the 

orthogonal and biorthogonal prototype filters with and without quantized coefficients. 

In the case of the non-quantized filter banks, the filter bank was able to reconstruct 

the signal perfectly with only a delay of the appropriate amount of samples for their 

respective designed delay. The reconstructed signals' error can be observed in Figure 

4.3. The error on the the scale of 10"̂ "* and smaller is roundoff error introduced by 

Matlab, thus it is negligible. The quantized filter banks did not perform as well. The 

resulting signal error of the quantized filter banks is shown in Figure 4.4 and Figure 

4.5 for the 8-bit and 16-bit quantization, respectively. Obviously, these reconstructed 

signals are not a perfectly reconstructed signal and distortion has been added to the 

signal. 
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Figure 4.2: Extract of Square Wave Input Signal 

0 100 200 300 400 500 600 700 800 900 1000 0 100 200 300 400 500 600 700 600 9O0 1000 

Figure 4.3: Signal Error for Orthogonal Filter Bank (left) and Biorthogonal Filter 
bank (right) 
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Figure 4.4: Signal Error for 8-Bit Quantized Orthogonal Filter Bank (left) and 
Biorthogonal Filter bank (right) 
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300 400 500 800 700 eOO 900 1000 0 100 20O 300 400 500 600 700 800 900 1000 

Figure 4.5: Signal Error for 16-Bit Quantized Orthogonal Filter Bank (left) and 
Biorthogonal Filter bank (right) 

4.2 Efficient Fixed Point Structure 

A structure is presented in [8] that has PR inherent in the structure provided that 

the coefficients are identical. If a filter bank provides PR, then the filters are broken 

down into a cascading group of so called zero delay matrices and maximum delay 

matrices followed by an initialization matrix. The zero delay and max delay matrices 

contain only one coefficient and the initialization can be broken into 3 cascading 
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matrices that contain only one coefficient each. Since the inverse matrices contain 

the same coeflScient, PR is an inherent property to this structure. The inherent PR 

makes the structure robust to coefficient quantization provided all coefficients are 

quantized using the same method, i.e., both rounded up or down. This applies to 

overflow and round off error as weU. This structure also reduces the size of the cosine 

modulation matrix from 2M x M to M x M further improving the eflSciency. 

The reduction of the modulation matrix can be achieved because the polyphase 

analysis filters Gi{—z'^) and Gi^Mi-z^) in the polyphase filter bank shown in Fig

ure 3.2 have the same input and the properties of the modulation matrix given in 

equations (4.1) and (4.2), discussed in [8]. Conversely is true for the synthesis filters 

Ki{-z'^) and K^^Mi-z"^). 

[Ci]fc,d-M-€ = (-l)*[Ci]fc,£, [C2]fc,M-l-€ = ( — '^y[^2[k,2M-l-d+t (4-1) 

[Ci]jfc,£+M = ( — 1)* [Ci]fc,d_^, [C2]fc,3M-l-d-h£ = ( - 1 ) s[C2[k,2M-\-i (4-2) 

Thus reducing the polyphase matrix equations given in (3.11) and (3.12) to equations 

(4.3) and (4.4). Note the matrix Gi(z) and K^(z) are in bold face. The resulting 

realization is shown in Figure 4.6. 

E,(z) = 

u ^1 

pi ^1 Ge{-z^) i-lYGd-e-Mi-z') 

(-1) ^-'z-'Ge^M{-z') z-'Gd-e(-z') 

•.=Ge{z) 

(4.3) 

Re{z) = 
z-'Kd-ei-z') i-lYKd-i-Mi-z') 

{-ly-'z-'Ke^Mi-z') Kei-z') 

X 

•'0,2M-l-^ 

^y 

:=K,(z) 

^,2M-l-d+e ^M-l,2M-l-d+e 

^M-l,2M-\-e 

(4.4) 
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Figure 4.6: Realization of Analysis and Synthesis Filter Bank [8] 

The 2 x 2 filter matrices G^(z) and }^£{z) defined in equation (4.3) and (4.4) can 

be decomposed into a product of an initialization matrix, maximum-delay matrices, 

and zero-delay matrices as stated mathematically in equation (4.5), which are given 

by equation (4.6) through (4.8). 

jo io 1 1 

Ge{z) = l[BeAz)ll^eAzyGe,m(z), Ke{z) = Ke,m{z)l[BiJ{z)l[{z-'Bl]{z)) 

(4.5) 
j = i i = l l — lQ J =30 

• Initiafization matrices: 

Gi^ini{z) — 
-V 

V2M 9e,oZ 

1 0 

- 1 ^ - 1 

1 9e,i 

0 1 

1 0 

9e,2 1 

^e,ini{z) — 
1 

v/2M 

1 0 

-ge,2 i_ 

1 

0 

-9i,i 

1 

z-^ 0 

•-' 1 -9e,oz 

(4.6) 
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Maximum-delay matrices 

D^j(^) = 

Zero-delay matrices 

dej z 1 

2-1 0 
, z-'^i-iz) = 

0 

. - 1 

, - 1 

-d ej 

(4.7) 

B£,i(^) = 
0 1 

1 bfiz-' 
> B,-/(z) = 

-6,,,z-i 1 

1 0 
(4.8) 

The variables introduced by these equation be,i,dej,gefijge,i,9e,2 are real valued coef

ficients. 

The steps for decomposing the filter matrices Ge{z) and Ke{z) can be found in [8]. 

These steps will not be discussed further in this paper. The most important thing 

to note about factorizing these filters into their maximum delay matrices and zero 

delay matrices is that the zero delay matrices increase the filter length but have no 

affect on the delay, while the maximum delay matrices increase the filter length at 

the expense of increasing the delay [8]. 

Since this realization provides PR, equation (4.9) holds true. One advantage is 

that PR is held independent of the filter coefficients, i.e., equation (4.9) holds true 

independently of 6£,i,rf^j,p^,o,^£,i,P^,2- This inherent property is what makes the PR 

property robust under filter quantization. 

Ke{z)Ge{z) = ^—^ h (4.9) 

The filter coeflScients may not determine the PR property, but they do give the 

frequency response of the filter bank. Quantizing of these filter coefficients can have 

an impact on the frequency response of this filter bank. The question becomes how 

drastic of an effect does this quantizing have on the frequency response of the filter 

bank. The frequency response for the original prototype filters shown in Figure 4.1 

were decomposed into their maximum delay and zero delay matrices then the max

imum delay, zero delay, and initialization matrices were quantized to both 8 and 16 

23 



bits. After being quantized, a prototype filter is generated from them. The frequency 

response for these filters is shown in Figure 4.7. In comparison to the quantized filters 

shown in Figure 4.1, the frequency response is less affected by quantizing the zero 

delay and maximum delay coefficients than directly quantizing the filter coefficients. 

The one exception is the biorthogonal filter quantized to 8 bits. 

0.2 0.3 0.4 0.5 0.6 0.7 0 

Normattzed Angular Frequency(x)t rads/sample) 

0.2 0.3 0.4 0.5 0.6 0,7 

Normalized Angular Frequency(x]i rada/sampte) 

Figure 4.7: Linear Phase Prototype Filter (left) and Nonlinear Phase Prototype Filter 
(right) with Delay of 31 Samples,(original sohd fine and quantized dashed lines) 

The frequency response of the over all filter bank is maintained by this new struc

ture. Their frequency response can be seen in Figures 4.8, 4.9, and 4.10. The ad

vantage is that despite differences in the stopband attenuation the PR property is 

maintained with this structure shown in Figures 4.11, 4.12, and 4.13 when applying 

the square wave in Figure 4.2 to the filter bank. 
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Analysis Channels Analysis Channels 

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.6 0.9 1 0 0.1 0.2 0.3 0.4 0 5 0,6 0 7 0 8 0 9 

Figure 4.8: Frequency Response for Orthogonal Filter Bank (left) and Biorthogonal 
Filter bank (right) 
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Figure 4.9: Frequency Response for 8-Bit Quantized Orthogonal Filter Bank (left) 
and Quantized Biorthogonal Filter bank (right) 
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Analysb Chanrwis Analysis Charviels 

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1 0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1 

Figure 4.10: Frequency Response for 16-Bit Quantized Orthogonal Filter Bank (left) 
and Quantized Biorthogonal Filter bank (right) 

0 W 1^ 3lio 4^0 sio io3 no ^ io3 ^ O 100 200 300 400 500 600 700 800 900 ,000 

Figure 4.11: Signal Error for Orthogonal Filter Bank (left) and Biorthogonal Filter 
bank (right) 
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Figure 4.12: Signal Error for 8-Bit Quantized Orthogonal Filter Bank (left) and 
Quantized Biorthogonal Filter bank (right) 

—1 1— —1 T" 

200 300 400 500 600 700 800 900 1000 0 
100 200 300 400 500 600 700 800 900 1000 

Figure 4.13: Signal Error for 16-Bit Quantized Orthogonal Filter Bank (left) and 
Quantized Biorthogonal Filter bank (right) 
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Despite these quantized filter banks ability to maintain PR they do not give a truly 

accurate representation of a fixed point filter bank because they do not take round off 

or overflow into account. This is were Matlab's Simufink becomes a useful tool. The 

Fixed Point Blockset in Simufink has built in operations that handle overflow and 

round off problems. A Graphical User Interface is even provided that aUows the user 

to examine aU occurred overflow. The maximum delay, zero delay, and initiafization 

matrices can be constructed using this Fixed Point Blockset. These are shown in 

Figures 4.14, 4.15, and 4.16. Cascading these in the proper order allows the user to 

construct a truly fixed point filter bank. Passing uniformly distributed white noise 

through an undecimated version of the analysis filter bank and calculating the power 

spectral density (PSD) for each subband gives an estimate of the frequency response 

of this fixed point filter bank. Such a structure is shown in Figure 4.17 To achieve 

this estimation the modulation matrix is essential and is apphed in the fixed point 

domain as a fixed point matrix gain. 

\ > 

fixPt 
lnt«s«i D*l«y1 

CI> 1 z PI 
FlxPt 

lnt«g«f Daisy 

Fi«P1 
Sum 

-•CD 

-KT) 
yi 

G>- z P' 
Fb*! 

InUgtiDtljyl 

S-

X2 

FlxTI 
Sum 

•a 

H & 
FotPl 

-KZD 

Figure 4.14: Maximum Delay Matrix (left) and Inverse Maximum Delay Matrix 
(right) 
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Figure 4.15: Zero Delay Matrix (top) and Inverse Zero Delay Matrix (bottom) 
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Figure 4.16: Initialization Matrix (top) and Inverse Initialization Matrix (bottom) 
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Figure 4.17: Structure for Calculating the Frequency Response using Simulink Fixed 
Point Blockset (K denotes the modulation matrix) 
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In this structure, the cascaded matrix realizations for the maximum delay, zero 

delay and initialization matrices are masked under the GpMer blocks. For a realization 

of the filter bank modulated by the biorthogonal prototype shown in Figure 4.7, there 

are 6 cascaded zero delay matrices and one maximum delay matrix as shown in Figure 

4.18. 

CL>-L 
(±y-r 

X d-l-M 

x1 yt 

xJ y2 

xl yl 

«3 y2 

Oini1 

xl yl 

x2 y2 

xl y l 

x2 y2 

xt y l 

«2 y2 

xt yt 

x2 yJ 

B<z)1 B(2)2 B(zJ3 B(2>J B(2)5 B(z)e Oiz-) 

jXJD 

Y_l 

Y M-l 

Figure 4.18: Cascaded Maximum, Zero, and Initiafization Matrices for Biorthogonal 
Filter Bank 

The PSD was calculated using the pwelch function in Matlab. This function 

calculates the PSD using the Welch method. A window of 1024 samples was used 

along with 1024 points being calculated in the Fast Fourier Transform (FFT). The 

range over which the PSD was evaluated was 0 to 27r. 

The PSD response of the low pass filters is shown in Figure 4.19 in comparison 

to the frequency response of the equivalent unquantized low pass filter. The overall 

filter bank PSD response using 16 bit quantization is shown in Figure 4.20. Because 

this response is found by calculating the PSD of each subband the response is not 

as smooth as the magnitude frequency response of the filters shown in Figure 4.8. 

The main point to note is the stopband attenuation still looks the same. The input 

signal's ampfitude was hmited from ^ to ^ to prevent the occurrence of overflow. 

Thus, any error will be due to round off. 
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Figure 4.19: Low-pass Filter Response for Orthogonal (left) and Biorthogonal (right) 
Filter Banks 

Normalized lowpass amplitude spectrum Normalized lowpass amplrtude spectrum 

0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 0.5 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 0.5 

Figure 4.20: PSD Response using Simufink Fixed Point Blockset Orthogonal (left) 
and Biorthogonal (right) 
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Overflow was purposefully introduced to the system by incrementing the input 

signal's ampHtude. The number of occurrences of overflow and their location are 

found in the Fixed-Point GUI oflFered in Simulink. An example of this GUI is shown 

in Figure 4.21. Double chcking on "OVERFLOW occurred # time(s)" takes the 

user directly to the place in the Simuhnk model were the overflow occurred. Plus, 

this GUI allows the user to track the minimum and maximum values throughout the 

simulation and observe how close they came to overflow. 
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Figure 4.21: Simuhnk's Fixed Point GUI 

Table 4.1 shows the signal amplitudes, how often overflow occurred, and its loca

tion. The effects of this overflow on the PSD response of the low-pass filter in the filter 

bank is shown in Figure 4.22. This figure shows that as the number of occurrences 

of overflow increases the PSD flattens out and one bit of precision will be lost in the 

orthogonal filter bank and two pits of precision will be lost in the biorthogonal case. 
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Table 4.1: White Noise Amplitude and the Occurrences of Overflow 

Signal Amplitude 

Orthogonal 

±0.5 

±0.6 

±0.7 

±0.8 

Biorthogonal 

±0.25 

±0.3 

±0.33 

±0.4 

Overflow Occurrences 

0 

171 

5086 

21119 

0 

224 

1706 

12344 

•-OS 
- - •-0,6 

•-07 
• -0 8 

• -0 25 
- - .-(Si 
- —1333 

—04 

_ i i _ 
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Figure 4.22: Overflow Effects on PSD Response on Low-Pass Filter for Orthogonal 
(left) and Biorthogonal (right) Filters 
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PR is maintained when a fuU filter bank is constructed in Simulink, shown in 

Figure 4.23, with and without overflow. This can be observed in Figure 4.24 and 

Figure 4.25. The assumption is being made that the modulation matrices, defined by 

equation (3.10) in Chapter 3, is ideal and wiU not add any distortion as stated in [8] 

D.liyl 

i«y5 

Figure 4.23: Filter Bank Constructed in Simuhnk 

0«lly11 
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Figure 4.24: Error for Linear Phase Filter Bank(left) and Nonlinear Phase Filter 
Bank (right) 

Figure 4.25: Error for Linear Phase Filter Bank(left) and Nonlinear Phase Filter 
Bank (right) with Overflow 
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CHAPTER 5 

IMPLEMENTATION AND RESULTS ON A TI DSP 

A DSP system is designed for performing arithmetically intensive algorithms in 

real-time yielding a need for a high throughput rate. To accomplish real-time there are 

mathematically intensive algorithms with several features that are fundamental to this 

unique processor; a few of which are, built-in multiphers, separate busses/memories 

for program and data, and the use of pipehning. A description of more features of 

DSP's can be found in [5]. 

5.1 Software Development 

A DSP can be programmed by one of three methods or by a combination of these 

methods: device specific assembly, linear assembly, or C/C++. Each has advantages 

and disadvantages in speed, size, compatibihty, and ease. Device specific assembly 

is the fastest and most efficient form of coding but it the most difficult to code in 

where as C is the easiest to code in but is the least efficient. These advantages 

and disadvantages are evaluated in detail in [11]. This thesis deals entirely with 

programming in C, the easiest of the three methods. 

5.1.1 Code Composer Studio 

TI offers an integrated development environment (IDE) known as Code Composer 

Studios (CCS) for programming their DSPs. This IDE was originally designed for 

the C6000 series DSPs; however, it has been expanded to encompass all TI's popular 

DSP chips described in Section 1.1 [11]. The purpose of this IDE is to provide an 

environment that allows the user the ability to easily program and debug a DSP in 

C/C++. This IDE can be extremely powerful but has a very steep learning curve. 

The following basic description of CCS is apphcable to all versions of TI DSPs. 

On the surface, CCS is very similar to Microsoft's Visual C. To begin a project 

must be created. Within this project aU the necessary libraries and source files are 
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•heap 0x00300000 

MEMORY 
{ 

INT_PRO (j_MEM (RX) 
m T_D AT A_MEM(RW) 
Sl>RAU DATA MEM(RW) 

} 

SECTIONS 
{ 

vec: 
t£Xt: 
xanst 
bss: 
J1«U: 

£init 
piniL 
slkck 
far 
iysman 
£lo 

) 

: origin = 0x00000 000 length = 0x0000800 0 
: origin = 0x0 0008 000 length = 0x000 0800 0 
: origin = 0x80000000 length = 0x00400000 

bad = 0x00000000 
b4d=INT_PR0G_MEM 
bad= INT _DATA_MEM 
bad=INT_DATA_MEM 
bad = INT _DATA_MEM 
b4d=INT_DATA_MEM 
bad = INT _DATA_MEM 
bad = INT _DATA_MEM 
bad = INT J>ATA_MEM 
bad = SDRAM_D ATA_MEM 
bad= INT _DATA_MEM 

Figure 5.1: Command File Example 

hnked to the project. Once the entire project has been constructed it is built to create 

an executable file. However, this is were the similarities end. 

One of the files linked in besides the hbraries and source files is a command file, 

also known as a linker file (.cmd file extension). This file tells the DSP which places 

in memory the different parts of the executable file go. An example of a command file 

is shown in Figure 5.1. This file consists of three different divisions, an initialization 

division, a MEMORY division, and a SECTION division. The first section indicates 

any input/output files along with any linking options, such as stack size and heap size. 

AU this information can also be defined within CCS itself. The MEMORY division 

assigns the physical address to the name used to identify that memory block. The 

last section assigns the different segments necessary to execute the designed program. 

These segments are given in Table 5.1 

As stated earlier the three file types that must be linked to the project are the 

command file, source files, and libraries. Of the latter the most important is the 
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Table 5.1: Common Compiler Sections for SECTION Division in Command File [9] 

Section Name 

.text 

.switch 

.const 

.cinit 

.bss 

.far 

.stack 

.sysmem 

.cio 

Description 

Code 

Tables for switch instructions 

Global and Static string literals 

Initial values for global/static vars 

Global and static variables 

Global and statics declared far 

Stack (local variables) 

Memory for malloc fens (heap) 

Buffers for stdio functions 

rts6201.1ib library. This file is the Run-Time Support Library which contains all the 

standard C functions that are contained in the basic C headers such as stddef.h, 

stdio.h, math.h, etc. 

Once all the necessary files have been linked and all the source files have been 

debugged, the builder generates a file that can be loaded on and run on the DSP. The 

file extension for this executable file is .out. CCS has an option that will load the 

.out file after a build. This will prevent the user from continually having to reload the 

program after each build. To do this, a check box is located under OPTION:EDITOR. 

Now that the executable file has been loaded onto the DSP the DSP is ready to be 

run. Before doing so TI strongly recommends resetting the DSP [7]. This does not 

mean pressing the reset button on the DSK/EVM board; to reset the chip go to 

DEBUG:RESET DSP. During this reset, the program that was loaded on the DSP is 

overwritten and must be reloaded. To do so, use the RELOAD PROGRAM option 

under FILE. Once a program has been loaded the LOAD PROGRAM option used to 

initially load the program does not hke to work. It will give an unable to find target 
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DSP error and CCS must be closed out and be reopened. The RELOAD PROGRAM 

option, however, will continue to work without having to close out CCS. The DSP 

now contains a fresh version of the executable file with no left over artifacts from a 

previous program or build and is ready to be run. Before going on, it is important to 

note that pressing the reset button on the board resets the entire board. By doing 

so, CCS loses its handle to the DSP and must be closed and reopened before any 

program can be loaded or reloaded on it. 

The best way to ensure that your program has loaded correctly is to run the 

program up to main. This is easily achieved by going to DEBUG:GO MAIN. This 

puts an automatic break point at main and runs to it. Once a program has been 

loaded and is running on the DSP, the true power of CCS becomes apparent. CCS 

was designed so that variable and register values can be changed without having to 

rebuild and reload the code. Also, blocks of memory can be viewed, loaded, and saved, 

stacks can be viewed and manipulated, and data can be plotted in time and frequency 

domains. The purpose of this design is for easily testing embedded systems, which 

is where many DSP apphcations lie. Viewing, manipulating, saving, and loading 

variable and register values will be discussed in more detail later in this chapter 

in regards to how they pertained to the implementation of the efl[icient structure 

presented in Chapter 4 on a specific DSP, the C6211 DSK. 

For more in depth information on creating and running a project for a C6211 

DSK along with a description on how to use some of the tools offered with CCS, 

such as profiling code, plotting data, and viewing DSP efficiency, refer to [7]. This 

workshop gives a good beginners description on becoming familiar with the DSK and 

CCS, however it gives no insight on constructing command files or giving any specific 

memory maps. For this reason a more detailed description will be given in the next 

section on the C6211 DSK. A program can also be loaded and run on a DSP via a 

host computer program. This method is not apphcable to the rest of this thesis and 

win not be discussed in any detail, but information in regards to this topic can be 

found in [7] and [6]. 
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5.2 TI C6211 DSK and Command File 

The TI 06211 DSK is a great introductory board. It is an inexpensive board 

that contains a 150-MHz 06211 DSP, a TI 16-bit converter (AD535), microphone 

and speaker jacks, 4M bytes SDRAM and 128k bytes flash ROM, daughter card 

expansion, and a power supply and parallel port cable. Plus, the DSK comes in a 

package with its own version of CCS. A note of warning, this version of CCS is device 

specific and is not as thoroughly debugged as the full version of CCS. 

As stated in Chapter 1, the 06x11 series DSP has a different internal memory 

configuration that the C6x01 series chips. The internal memory in the 06x11 is de

signed with a two level architecture as opposed to the single level architecture in the 

C6x01 series. This two-level design contains 4k bytes programmable cache and 4k 

bytes data cache in the first level and 64k bytes RAM/cache in the second level. The 

second-level memory or L2 memory is what is unique to the design of the C6xll DSP. 

This level is unified memory, thus you can use it for program and/or data. Also, it 

is constructed by four 16k byte blocks. These blocks can be individually configured 

as cache or RAM. This allows the user to define the configuration of the internal 

memory that best suits the application. For non-real-time, non-embedded host ori

ented systems, an all-cache configuration works well. If the system is an embedded, 

real-time system the all cache configuration creates serious memory bottleneck issues. 

A real-time data stream must be stored in RAM, which is located off-chip in an all 

cache configuration. This will create a time delay because a majority of execution 

time is spent accessing off chip memory [11]. If a portion of the internal memory is 

configured as RAM then these data streams can be stored on chip helping to prevent 

a bottleneck problem. The advantage of having a portion of the internal memory as 

cache is that direct memory access (DMA) is accessed through cache. DMA is an 

effective method for grabbing and pulling data stored in off-chip memory into internal 

memory. This transfer is transparent to the CPU but does not fully eliminate memory 

bottleneck issues as shown in [11]. The Chip-Support Library offered by TI provides 

the documentation and functions for configuring the on chip memory in the desired 

40 



way. All information regarding the two level memory architecture was obtained from 

[7]. 

Table 5.2: Memory Map for C6211 DSK [9] 

Address 

0000 0000 
0001 0000 
0180 0000 
0184 0000 
0184 4000 
0184 4020 
0184 5000 
0184 8200 
0184 8240 
0184 8280 
0184 82C0 
0188 0000 
018C 0000 
0190 0000 
0194 0000 
0198 0000 
019C 0000 
OlAO 0000 

OlAO FFEO 
0200 0000 
0200 0020 
3000 0000 
3400 0000 
8000 0000 
9000 0000 
9008 0000 
AOOO 0000 
BOOO 0000 

1 

Memory Map 
Internal RAM(L2) 

Reserved 
EMIF control regs 

Cache Configuration regs 
L2 base addr k count regs 
LI base addr k count regs 

L2 flush & clean regs 
CEO mem attribute regs 
CEl mem attribute regs 
CE2 mem attribute regs 
CE3 mem attribute regs 

HPI control regs 
McBSPO regs 
McBSPl regs 
TimerO regs 
Timer 1 regs 

Interrupt slector regs 
EDMA parameter RAM 

ED MA control regs 
QDMA regs 

QDMA psuedo-regs 
McBSPO data 
McBSPl data 
CEO,SDRAM 

CEl,8-bit ROM 
CEl,8-bit I/O port 
CE2,Daughtercard 
CE3,Daughtercard 

Block Size (Bytes) 
64k 
24M 
32 
4 
32 
32 
32 
16 
16 
16 
16 
4 
40 
40 
12 
12 
12 
2M 
32 
20 
20 

64M 
64M 
16M 
128k 

4 
256M 
256M 

The biggest difference between programming a PC and a DSP is in memory man

agement. The memory in a DSP is considerably limited as opposed to a PC. Thus, 

one very important file is the command file, and an equally important form of docu

mentation is the memory map. A memory map gives the starting address and block 
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size of all the registers, RAM, and in some cases ROM that is accessed by the DSP 

chip. The memory map for a C6211 DSP chip is given in Table 5.2. From this mem

ory map, a simple command file can be constructed. A command file like source code 

can be very powerful and very complicated or extremely simple but effective. This 

thesis will focus on the later of the two. For details towards the power of a command 

file, refer to the help section in CCS. 

The basic layout of a command file was described earlier. This section is to give 

the reasoning for laying out a command file. The example command file in Figure 

5.1 and the memory map in Table 5.2 wih be used as an example. The first section 

that gives additional information to the compiler is used to define the size of the heap 

for dynamic memory. This is recommended if large amounts of data are going to be 

created dynamically since the default heap size is set at 400 hexadecimal [9]. 

The MEMORY section is when the memory map plays an intricate part. This 

section defines the names and attributes to various memory locations. To assign the 

names the starting address is given followed by the block size. The attributes assigned 

are read-only (RX), assigned to program memory, and read-write (RW), assigned to 

the data memory. Starting addresses and block sizes are found in the memory map. 

It is recommended to have a section for both internal program memory and internal 

data memory provided the program is small enough. The command file in Figure 5.1 

has the internal memory, which starts at 0000 0000 and has a length of 64k bytes, 

split into two sections. One section is defined as read-only and is designed for the 

placement of the program. The second section is set for data that is necessary for 

the execution of the program with the exception of any memory that is created by 

a malloc. Placing both the program and a majority of the data in on-chip memory 

speeds up the execution of the program by reducing the number of external memory 

fetches. 

The final section of the command file places the various parts of the executable 

file into to the desired memory locations. This is done using the section names de

scribed in Table 5.1. The only section that is to be placed in the 1NT_PR0G_MEM 
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is the .text section. If it is possible, place all the remaining sections except the 

.sysmem section in the INT_DATA_MEM. The .sysmem section can be placed in the 

SDRAM_DATA_MEM. If there is not room to place ah the sections in INT.DATA_MEM 

as shown in Figure 5.1, then the order of importance to be in the on-chip memory 

depends on the program itself. In accordance with the designed program associated 

with this command file the least important are the .bss section and .far section. As for 

the remaining sections the level of importance would be .stack, .cinit, .const, and .cio 

from most important to least important. The .switch is not needed for the designed 

program associated with command file. 

5.3 Efficient Filter Bank Implementation 

The structure shown in Figure 4.6 is implemented in C to be ran on the DSP. Being 

able to easily adapt this algorithm into a real-time algorithm was highly considered 

in the design. The goal was to be able to buffer audio samples from the analog to 

digital (A/D) converter, grab M samples off the buffer and process those M samples 

while the next M samples from the A/D converter axe being buffered. The number 

of channels, M, is 8 for this thesis. 

While the the implemented filter bank is not in real-time, the idea of being able 

to easily convert it has been maintained. Instead of reading 8 samples off a buffer 

the input signal is broken into 8 sample segments, and those 8 samples are applied 

to analysis filters. After the samples have been filtered, they are stored in a subband 

matrix before the next 8 samples are applied to the filters. A flow chart is shown in 

Figure 5.2. 

The filtering is achieved by converting the matrix equations into two algebraic 

equations using a two input and two output matrix which represent the inputs and 

outputs to the filter, respectively. This is shown for the analysis filters in equations 

(5.1), (5.3), and (5.2) with ^ = 0 . . . f - 1, 2 the number of cascaded zero delay 

matrices, and j the number of cascaded maximum delay matrices. The synthesis 

filters work in the same way with their corresponding initiahzation, zero-delay, and 
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Figure 5.2: Flow Chart for Analysis Filter Bank 

maximum-delay matrices. The advantage of this method is that convolution is not 

needed in implementing this structure. 

y2e[n] = {I -\- 9e,29e,i)xeln] + ge,iXM-e-i[n] 

y2e+iln] = [ge,o + {ge,o9e,i + l)ge,2)xeln - 1] + (ge,oge,i + l)xM-e-iln - 1] (5.1) 

y2e = X2eln] 

y2e+i = 0C2eln] + be4X2e+i[n - 1] 

y2eln] = de^iX2e[n] + X2e+i[n - 1] 

y2e+iln] =X2eln- 1] 

(5.2) 

(5.3) 

To account for the delays arrays of length 8 are created and initialized to zero. 

These arrays represent the previous input value, the equivalent of 2~\ and are as

signed after the output values for the initialization, zero-delay, and maximum-delay 

matrices are calculated for next set of 8 samples, see Figure 5.3. 

Previous = 0 

I/P Values -» 

1 

Calculate O/P 
Value, yo 

1 

Calculate CVP 
Value, Vi 

— • 
Calculate Previous 

Value 
— • • O'P Values 

Figure 5.3: Flow Chart for Applying Filter Equations 
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The synthesis filters are implemented in the same manner with their respective 

filter equations. The input signal is the subband matrix. The output samples are 

then arranged in the appropriate manner to construct the output signal, as shown in 

Figure 5.4. 

a * , , sob^, sob^ a*.,, sub^ sub|_ sv*^. 

ApjIyD-l, 
Filter Equations 

AppiyD-ij 
Filter Equahcns 

ApiiyD-'j 
FUtei Equabons 

ApplyD-l, 
Fillet Equabons 

Apply B-lj 
Filter Ecfiatoiu 

Apply B-̂ a 
Filler Equ&bans 

Apply 8-13 
Filter Equabons 

ApplyB', 
Filter Equatioru 

Apply K^i 
Fllter Eqo^ons 

Apply Ki4j 
Filter Equfltions 

Apply K j ^ 
Filter Equations 

Apply K^, 
Fllter Eque^ons 

Figure 5.4: Flow Chart for Synthesis Filter Bank 

In adapting this algorithm for a DSP the matrices containing the coefficients for 

the initialization, zero-delay and maximum-delay equations and the subband matrix 

were replaced with a one dimensional array. This reduces the number of extra pointers 

necessary for a two-dimensional array set up. The filter matrices and the subbands 

columns are 4 and 8 indices apart, respectively. 

To avoid the addition of extra noise in continuously sampling and resampling, the 

input signal was loaded directly into the DSP. This is relatively simple but requires 

several of the built-in functions of CCS. A global variable is declared and initialized to 

a determined value, say zero. Once all the necessary memory has been allocated place 

an infinite loop with the global variable as the condition, such as variable becomes 

greater than zero exit the loop. The watch window is a viewing window that allows 

the programmer to view and change variable names. Halt the program in the infinite 

loop. Under FILE:DATA there is an option to load and save data. One suggestion 

is to first save the data where the loaded data is going to be placed because the load 

may overwrite some of the data extending past the specified block length. If another 

array is directly after the one that is being loaded, the pointer will get squashed 
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and the program will not execute properly. By saving the data and then placing the 

desired signal in the file leaving any remaining data untouched anything that could 

be overwritten is overwritten with the same value. Another solution is to load the 

signal before any other memory is allocated. Once the signal is loaded, change the 

global variable from within the watch window to exit the infinite loop and continue 

running the program. Saving the reconstructed signal is done in the same process. 

One important note is the watch window for the version of CCS that accompanies 

the 06211 DSK only works for global variables. Any local variables, including those 

defined in main, appear at the wrong location with the wrong values in the watch 

window. To find a variable in memory check the map file (.map extension) created 

in the build to find what section of memory it should be in, i.e. if it is dynamically 

allocated memory it should be in the .sysmem section. Then under VIEW:MEMORY 

begin looking at that starting point and "fish around" until you find the value it was 

set to. This can be tedious, but is the only rehable method with this version of CCS. 

This is not the case with all version of CCS. 

5.4 Test Data 

A total of 8 different audio sources have been apphed to this structure to verify 

its ability to maintain PR. All 8 were obtained from wave files sampled at 44.1kHz, 

contain 100,000 samples a piece, and converted to the necessary Q15 format. Multi

plying the signal by 2̂ ^ and rounding to the nearest integer value converts the signal 

since the minimum and maximum values of the original signal lie between -1 and 

1. This was achieved in Matlab. The content of these 8 signals ranges from human 

voices speaking and singing to violins playing vigorously at a fast tempo. The audio 

signals used are shown in Figure 5.5. 
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Figure 5.5: 8 Audio Samples After in Q15 format 
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5.5 Results 

The theory presented in [8] and the simulation results in Chapter 4 show that 

this filter bank should provide PR under fixed-point circumstances. This section will 

show the results of the filter bank on a fixed-point processor. 

The reconstructed signal acquired from the DSP is loaded into Matlab where it 

is compared to the original signal loaded on the DSP. The following 8 figures show 

the original signal, the delayed reconstructed signal, and the error between the two 

signals taking the delay into account. All 8 plots, shown in Figures 5.6 to 5.13, show 

that the original signal was reconstructed without any distortion introduced. For all 

cases shown, the cosine modulation matrix was assumed to be ideal, i.e., it would not 

add any distortion to the signal, and was left out of the DSP implementation. 

X 10 

xlO 

Figure 5.6: Signal 1, Original(top), Reconstructed(middle), Error (bottom) 
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Figure 5.7: Signal 2, Original(top), Reconstructed(middle), Error(bottom) 

0.5 

-0.5 

-1 10 

XlO 

Figure 5.8: Signal 3, Original(top), Reconstructed(middle), Error(bottom) 
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Figure 5.9: Signal 4, Original(top), Reconstructed(middle), Error(bottom) 

XlO 

Figure 5.10: Signal 5, Original(top), Reconstructed (middle), Error(bottom) 
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Figure 5.11: Signal 6, Original(top), Reconstructed (middle), Error(bottom) 
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Figure 5.12: Signal 7, Original(top), Reconstructed (middle), Error(bottom) 
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Figure 5.13: Signal 8, Original(top), Reconstructed (middle), Error(bottom) 
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CHAPTER 6 

SUMMARY AND CONCLUSION 

The purpose of this thesis was to verify that the efficient polyphase structure 

shown in [8] will maintain PR in the presence of quantization, overflow, and round 

off, all aspects of fixed point arithmetic that must be dealt with. Chapter 1 showed 

why and where fixed point digital signal processors are still being used and a few of 

the various types of DSPs available today. 

A foundation was laid in Chapters 2 and 3. The effects of fixed point arithmetic 

and the methods for minimizing their effects were introduced in Chapter 2. Chapter 

3 discussed the fundamentals of filter banks, constructing filter banks, and their 

properties. 

Simulation results showing the devastating effects of coefficient quantization for 

orthogonal and biorthogonal filters were given in Chapter 4. These simulations showed 

that coefficient quantization negates the PR property of a filter bank. A structure 

that is robust to quantization was introduced along with simulation results showing 

that PR is maintained with this structure when the coefficients are quantized. The 

impact of overflow and round off error on the frequency magnitude response was 

shown in this chapter. Despite the overflow's influence on the frequency response it 

can be seen in Chapter 4 that the structure discussed in this chapter maintains PR 

in its presence. 

The essentials for programming a DSP were given in Chapter 5. An implementa

tion of the robust structure on a DSP was presented as well. The reconstructed signals 

from this structure obtained from Texas Instrument's 06211 DSP chip were shown to 

be identical versions of the original signal delayed by the filter banks designed delay. 

In conclusion, this thesis verified that this structure is in fact robust under fixed 

point circumstances given the assumption that the M x M cosine modulation matrix 

is ideal. The quantization of the filter coeflacients and overflow had no effect on the 

filter banks ability to provide perfect reconstruction. 
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6.1 Future Work 

Throughout this thesis one assumption was made. We assumed that the M x M 

cosine modulation matrix was perfect. When implementing this structure on the DSP 

the modulation matrix was left out. This modulation matrix needs to be implemented 

to verify that the filter will continue to provide an accurate frequency response. 
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