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Research in Efficient Wireless Channel Simulation on

Multi-DSP Platform

Student: Chien-Hsing Lee Advisor: Dr. David W. Lin

Degree Program of Electronics Engineering Computer Science
National Chiao Tung University

Abstract

The DSP is a useful “tool that~is programmable to achieve different
functionalities. We want to improve a previously: developed DSP-based wireless
channel simulator. The existing ‘simulator inecludes a 3GPP WCDMA modulator,
several kinds of channel simulator and ‘a matched filter. A desktop PC acts as the
controller, and an Innovative Integration’s Quatro6x DSP-embedded card is employed
in the system. Four Texas Instruments” TMS320C6x DSP chips are placed on the
board. Three chips used to accomplish the system, one for modulator, one for channel,
and one for the matched filter. However, three problems remained to be addressed.
Firstly, synchronized execution of the three programs was not smooth on the platform.
Secondly, real-time performance degraded on the connected multiprocessors DSP
system. Thirdly, fixed-point generation of channel coefficients was not available yet
for lack of fixed-point library. These three main topics are presented in this thesis. To
begin, we do migration to a specified new platform for first problem solution. Then,
we propose a pipelining structure applying double buffering scheme for second
problem solution. Furthermore, we apply CORDIC algorithm to evaluate elementary
functions in fixed-point for third problem solution. In a word, we seek out several
methods to run an efficient wireless channel simulator smoothly on a multiprocessor
platform, but a close study of WCDMA is not our concern.
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Chapter 1

Introduction

Current generations of telecommunications infrastructure require real-time performance.
To meet the demands of next generation equipment, such as third generation (3G) cellular
mobile radio communication system, designers must seek methods to improve hardware
and software efficiency. This thesis isiintended as an investigation of the methods.

With the advent of applications such as 3G wirelé€ss system implementation that re-
quire intensive real-time computation, distributed processing systems consisting of sev-
eral interconnected DSPs are a uséful prototyping tool [38]. It comes within the scope of
this thesis to run an efficient 3G wireless channel simulator smoothly on a multiprocessor
platform, but a close study of 3G topic is not necessary for our present concern.

Fig. 1.1 gives a simple block diagram of the overall WCDMA system. A large number
of studies has been made in a team project reported in [7], [11], [23], [24], and [32]. Four
DSP boards have been used in the work, three fixed-point ones called Quatro62 and one
floating-point one called Quatro67. The Quatro6x is made by Innovative Integration (II).
It houses four Texas Instruments (TI)’s TMS320C6x01 processors in a symmetric mul-
tiprocessing relationship with interprocessor communication links. Basically, the imple-
mented individual functional blocks on the DSP processors can reach real-time computa-
tion separately. However, the interprocessor data transmission was done in a block-based,
event-driven fashion. Therefore, a more efficient implementation is desirable.

The components shaded in Fig. 1.1 belong to an implemented wireless channel simu-



Soure Radio

Data » Frame i o
Generator Equalizer
T Quatros? DSP1 of Quatros7
DSPO of Quatro67
o guatroéz Quatron2 #
?g;;;ed la— Deframing gzjc{ziver — Acquistion - ‘

DS8P2 of Quatro67

Fig. 1.1: Block diagram of WCDMA system for one-way transmission (from [32]).

lator on Quatro67 platform. Although a great.deal of effort has been made in the imple-
mentation by Tsai [32], several issues remained.to be addressed. Firstly, synchronizing
execution of multiprocessor programs was not smooth on the platform. The individual
DSP programs needed to be executed.in-a-particular order, that is, they could not be
loaded to the DSPs simultaneously:. Secondly,-real-time performance degraded on the
connected multiprocessor DSP system. The actual run time increased unexpectedly after
we connected the individual DSP programs together on the Quatro6x DSP board. It was
an issue also faced by other project team members mentioned previously. Thirdly, fixed-
point generation of channel coefficients was not available yet. The generation of channel
coefficients still depended on floating-point mathematic functions. The three issues are
addressed in this thesis.

This thesis is organized as follows. Chapter 2 reviews briefly the implemented wire-
less channel simulator. In chapter 3, we introduce the DSP environment and deal with syn-
chronizing execution problem. Chapter 4 identifies efficient multiprocessing, including
pipelining-512 structure, real speed observation, and double-buffering skill. We discuss
elementary function evaluation in fixed-point arithmetic, such as CORDIC, in chapter 5.

Finally, chapter 6 contains the conclusion and potential future work.
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Chapter 2

Overview of An Existing DSP-Based
Wireless Channel Simulator

2.1 Introduction to the Existing Simulator [32]

A DSP-based wireless channel simulator’has been implemented by Tsai [32]. This im-
plemented system employs a collaborative computing structure, which is composed of a
desktop PC and a DSP-embedded plug-in card. There are four DSP chips on the DSP-
embedded card, called DSPO to DSP3.  Three chips are used to accomplish the system.
DSPO acts as the channel simulator.“ The-function of DSP1 includes spreading, scram-
bling coding and pulse-shaping filtering. The matched filter is in DSP2. Fig. 2.1 shows a
block diagram of the modulator, channel simulator and receiver filter. The modulator is
used to generate the transmitted signal. The data after framing operation (not shown in
the figure) is input into the system and spread according to the 3GPP standard [3], which
includes channelization coding, scrambling coding, and the pulse-shaping filtering. Then
the data are passed through the channel, such as static and fading channels. Besides the
multipath effect, which is defined in the 3GPP standard [1], multi-user interference also
is considered. Finally, the noisy, distorted signal is received through the matched filter.
In the existing simulator [32], DSP processors are used to implement 3GPP WCDMA
transmission signal processing and simulate the wireless channel for real-time experi-

ments. However, we want to improve the existing simulator for several remained issues.
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Fig. 2.1: Block diagram of the implemented system (from [32]).

2.2 WCDMA Uplink Transmission Scheme [32]

To begin, we first introduce the transport channels. The time durations are defined by start
and stop instants, measured in integer multiples of ehips. A radio frame is a processing
duration which consists of 15 slots. The length of a radio frame corresponds to 38400
chips. A slot is a duration which consists-of fields containing bits. The length of a slot

corresponds to 2560 chips.

2.2.1 Spreading Modulator

The spreading modulator performs two operations. The first, called channelization, trans-
forms every source data symbol into a number of chips, thus increasing the bandwidth of
the signal. The second operation, called scrambling, distinguishes different users in the

receiver.
Channelization codes

With the channelization, data symbols on I- and Q-branches are independently multiplied
with an orthogonal variable spreading factor (OVSF) code. The cross-correlation between

orthogonal codes is zero for synchronous transmission.
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Fig. 2.2: Frame structure of uplink DPDCH/DPCCH (from [2]).

Scramble codes

After the channelization operation, the I-“and Q-branch signals are multiplied by the
complex-valued scrambling code. The code can be' either a short or a long code. The
required number of codes depends on the expected traffic load and spectrum efficiency.
There are 22* different uplink scrambling codes with different initial values for the gen-
erating registers. The long scrambling sequences Ciopng.1,n and Ciopng 2, are constructed
from sum of 38400 chips segments of two binary m-sequence generated by means of
two generator polynomial of degree 25. Fig. 2.3 shows the configuration of uplink long

scrambling sequence generators.
Control of SNR

To define the power level of input data, we have to compute the signal energy in the overall
system and find how to adjust the power to achieve different SNR. The SNR at matched

filter output for DPDCH is:

SNRdé@:4A2'SF2'ﬁ§IQAQ.SF.@%’

o2 2.SF o2 o?
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Fig. 2.3: Configuration of long scrambling sequence generator (from [3]).

where A is the amplitude of the transmitted signal, @ is the noise variance on each quadra-
ture branch at the input to the matched filter.'For DPCCH, the SNR is:

E4A% 256° 32 2A%- 256 - 32
0202602 o2 ‘

v

SNR, =

Hence we can adjust the amplitude factor A of the receiver input signal to achieve any

desired SNR.

2.2.2 Pulse Shaping Filter

Due to the requirement of bandwidth-limited transmission, the output chip stream from
the spreading modulator is filtered using a pulse shaping filter (PSF). The 3GPP WCDMA
employs root-raised-cosine (RRC) pulse shaping with roll-off o = 0.22 [1]. It is found
[32] that a 33-taps RRC filter can comply with the spectrum emission mask [1] to beyond
8 MHz. Fig. 2.4 is the comparison. Assume that the subsequent analog filtering can

effectively suppress the signal power above 8 MHz.
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Fig. 2.4: Frequency response of 33-tap RRC filter (4 times oversampled) vs. the emission
mask (from [32]).

At transmitter — the polyphase technique

In the transmitter, for reducing unnecessary computations, Tsai [32] consider a more ef-
ficient implementation to oversample the-data and pass-‘them through the PSF. Since only
every Lth sample of the input data is nonzero, a better implementation, shown in Fig. 2.6,
would involve applying filter coefficients only to input values that are nonzero [26].

To illustrate the advantage of Fig. 2.6 compared to Fig. 2.5, we note that if H(z)
is a filter of length N, then we then need N L multiplications and (N L — 1) additions
per unit time originally. On the other hand, we only need L(/N/L) multiplications and
L(N/L — 1) additions per unit time for the set of polyphase filters, plus (L — 1) additions
to obtain an output datum. Thus we can obtain significant saving in computation. In DSP
implementation, the rearrangement reduces the required run time and makes the system

complete the signal processing in the limited amount of time [26], [32].
At receiver — the matched filter

At receiver side, a matched filter is designed to provide the maximum signal-to-noise

power ratio at its output in AWGN. Thus the amount of computation is quite large. A
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Fig. 2.5: Interpolated filtering system (from [26]).
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Fig. 2.6: Implementation of interpolated filter afterapplying the polyphase decomposition
(from [26]).

9-tap RRC filter is chosen [32] to replacerthe-original 33-tap one. We need to perform
15.36M-9-2 = 276.84M multiplicationsin one TI's TMS320C6701 chip, which is within

the real-time computation ability of the chip.

2.2.3 Channel Model

A communication channel transmits the information-bearing signal to the destination.
The signal is subject to multipath fading and addition of noise, which produce random
variations in the signal. The block diagram of channel simulator is illustrated in Fig. 2.7,
where only a single user is considered. The interference from other users is added to the
result at the output of single user channel. In our simulation, Tsai [32] implement two

kinds of channels, static and fading.
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Fig. 2.7: Block diagram of channel model (from [32]).

Static channel

In this situation, multipaths exist, but the channel coefficients do not change during the
transmission period. The channel coefficient of each path is a complex value given by
ae’?, where « is the power level of the path and.can be computed from the definition
of SNR. ¢/ = cosf + jsin@ is the phase of the path. In addition to static multipath

propagation, white Gaussian noise+s added.
Fading channel

Fading refers to rapid fluctuation of the amplitude of the channel gain over a short pe-
riod. The power of each multipath is time varying, resulting from moving mobile or
surrounding objects. To approximate Rayleigh fading, Jakes [13] suggests using phases
0n; = 0B +2m(j5 —1)/(No + 1), where j = 1 to IV is the waveform index. The model

becomes

T(t) = \/NZOZ [cos B, + 7 sin 3,,] cos (w,t + 6,,)

where the Doppler frequency w,, is given by w,, = 275, with v being the velocity of
the mobile and A\ being the wavelength of the carrier. In our case, f = 2 GHz and
A=3x108/2x 10° = £ m, w, = w,, cos (%@—:) n=1,2---,No,and §, = 2.

Further discussion will be presented in chapter 5.



Table 2.1: Propagation Conditions for Multipath (Fading) Environments [1]

Case 1, speed Case 2,speed Case 3, Case 4,speed
3km/h 3km/h 120 km/h 3 km/h
Realative Average Realative Average Realative Average Realative Average
Delay power Delay power Delay power Delay power
[ns] [dB] [ns] [dB] [ns] [dB] [ns] [dB]
0 0 0 0 0 0 0 0
976 -10 976 0 260 -3 976
20000 0 521 -6
781 -9
Multipath propagation

Some multipath propagation conditions are defined in [1]. Table 2.1 shows the propaga-
tion conditions that are used for the performance measurements in multipath environment.
A chip in our program is 1/3.84 = 260 ns: After'oversampling by 4 times, each symbol

is 260/4 = 65 ns. The conversion of the delay listed in-Table 2.1 is computed by
delay_symbol =.delay/65.

For 976 ns delay, we implement 15 points shift in our program. Except the defined multi-
path propagation listed in the Table 2.1, Tsai [32] also simulate other kinds of propagation

channels including the birth-death and moving propagation conditions [1].
Gaussian noise

The signal transmitted through channel is added white Gaussian noise. Tsai [32] generate
the noise by warping two uniform distribution random sequences. The operation is done
on the PC and the noise is stored in files. After using Matlab functions to compare the
power spectral density between the amount of the noise we store and use repeatedly and
the real situation, we decide to store 298801 complex-valued noise data in files. Further

discussion will be presented in chapter 5.
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Fig. 2.8: The scaling situation of each step (from [32]).

2.2.4 Fixed-Point Simulation

For improving the speed and saving thé memeory, we have to simulate with fixed-point
numbers instead of floating-point numbers. The ‘mechanism we want is that the data
saved in the internal memory in DSP board should be 16-bit integers. For maintaining the
precision, the method is to shift each data to 16-bit integer. After addition or multiplica-
tion operations, Tsai [32] put them in a longer temporary register to avoid overflow. Tsai
pay attention to the addition of each step during the simulation and make sure the scale on
the two data are the same. The scale of the data in each step is illustrated in Fig. 2.8. The
example in Fig. 2.8 is for static channel with SN R = 10 dB. When we save the data into
memory, we have to measure the maximum value and downshift them to 16-bit integers.

Further discussion will be presented in chapter 5.
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Fig. 2.9: Transmission mechanisniin the existing simulator (from [32]).

2.3 DSP Implementation of-the Existing Simulator [32]

A DSP-based simulator has been implemented by Tsai [32]. In this existing simulator, one
floating-point Quatro67 DSP board is used to implement to the modulator, the wireless

channel simulator and the receiver. This section shows briefly their key record.

2.3.1 Transmission Mechanism

Fig. 2.9 shows the transmission mechanism of the existing simulator [32]. The transmis-
sion between two chips or two boards is performed by a flexible FIFO-based interpro-
cessor communications network. And if we want to process the data saved in external
memory, we use DMA controller to move data rapidly. Further discussion will be pre-

sented in the following chapter.
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Table 2.2: Memory Arrangement [32]
| CPU1 (Modulation) | CPUO (Channel) | CPU2 (Matched Filter) |

Internal Memory 56.19 Kbytes 63.46 Kbytes 43.28 Kbytes
External Memory 150 Kbytes 1167 Kbytes
(Scramble codes) (Noise)

Table 2.3: Profiles of Scrambling Operation for Different Versions of the Code [32]
| Modified Version | Total Cycle | Computation Time (per frame) | Memory Usage |

If-else statement 2210565 1.326 x 10725 9.375 Kbytes
Direct multiplication 117974 7.708 x 1074 s 150 Kbytes
and addition

2.3.2 Memory Arrangement

The existing simulator [32] processes a,slot'of information each time. In each slot, after
oversampling 4 times, the amount.of data are 10240 chips of complex data. For the data
saved as 16-bit integer, the memory. size is 40.96 Kbytes. Table 2.2 shows the memory

arrangement for each block in each CPU:

2.3.3 Optimization and Profile

Tsai [32] use software pipelining, loop unrolling, speculative execution replacement and
loop partition to optimize the performance [43], [39]. The profiles of different transceiver
functions are given in Tables 2.3, 2.4 and 2.5, respectively. The measurement tool used

here is the profile, which is provided by TI’s TMS320C6x Code Composer Studio (CCS).

Table 2.4: Profiles of Pulse Shaping Filter Operation for Different Versions of the Code
[32]

| Modified Version | Total Cycle | Computation Time (per frame) |

Original 10763220 6.458 x 1072 s
Loop Unrolling 15727890 9.437 x 1072 s
Loop Partition 1539691 9.238 x 1073 s

13



Table 2.5: Profiles of Matched Filter Operation for Different Versions of the Code [32]
| Modified Version Total Cycle | Computation Time (per frame) |

33-tap Filter 19340310 1.16 x 107t s

O-tap Filter 3032278 1.819 x 10725

O-tap Filter 1391295 8.348 x 1073 s
(After data declaration)

Table 2.6: Complexity and Performance of Implementation [32]

Needed Number of |Necessary |Practical Equivalent Performance
Multiplications Computation [Run-Time Number of
Time Multiplications
Modulation 2.688 M 8.064 ms 10.24 ms 3413 M 78.75%
Channel Case 1 1.2288 M 3.686 ms 7.56 ms 252 M 48.76%
Case 2 1.8432 M 5.529 ms 8.604 ms 2868 M 64.26%
Cage 3 24376 M 7.372 ms 11.72 ms 3.906 M 62.91%
Case 4 1.2288 M 3.686 ms 7.561 ms 252 M 48.76%
Cage 5 614400 1.843 ms 6.667 ms 2222 M 27.64%
Matched Filter 27648 M 8.294 ms 8.346 ms 2782 M 99.37%

2.3.4 Complexity and Performance

When we analyze the complexity, we focus on the multiplications in our program. The
amount of data we consider is 38400 chips, equal to a frame. It should be completed in 10
ms. The complexity and final performance are given in Table 2.6. The percentage figures
listed in the table reflect the achievement from the effort spent in optimization by Tsai
[32]. Two demo systems were constructed: the demo subsystem (shown in Fig. 2.10) and

the multi-user system (not shown here).

2.4 Problems with the Existing Simulator

In summary, Tsai [32] implements a 3GPP WCDMA modulator, several kinds of chan-
nel simulators, and a matched filter on the Quatro67 multi-DSP card. For single user

transmission under static channel with multipath propagation, the processing speed of
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Fig. 2.10: Block diagram of the demorsubsystem (from [32]).

the modulator and channel simulator can-achieve the-needed 3.84 Mchips per second.
However, the existing simulator suffers‘from three problems. They will be improved in

following three chapters respectively.

2.4.1 Synchronizing Execution Problem

In the existing simulator [32], three DSP chips are used to implement the modulator, the
channel, and the receiver respectively. However, the three programs need to be executed
in a particular order. That is, the system fails to download them simultaneously. We study

the synchronizing problem in chapter 3.

2.4.2 Real-Time Multiprocessing Problem

A real-time DSP-based modulator, wireless channel simulator and receiver filter has been
implemented [32]. For example, three individual parts channel, modulation, and matched

filter can run at real-time in about 7.5, 10.2, and 8.3 ms per frame, respectively. We
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connect three main parts and download them to the Quatro6x DSP board. However, the
actual run time is about 20 ms per frame [32]. But in 3GPP standard, each frame has

length 10 ms. We study the real-time multiprocessing problem in chapter 4.

2.4.3 Fixed-Point Generation Problem

We use the Quatro67 DSP board to simulate the channel model. The TMS320C67x DSPs
on the board do floating-point number operations. With the restriction of the DSP, the
performance of the fading channel is not so good because the programs have to call special
mathematic functions to generate the channel coefficients. There are several methods to
change the generation of the channel coefficients without using special functions which
need branching [32]. These methods are fixed-point methods. We study the problem in

chapter 5.
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Chapter 3

The Quatro6x Multiprocessor Platform

3.1 Overview

Fig. 3.1 shows the DSP board we use. It is an Innovative Integration (II)’s Quatro6x DSP
board which houses four Texas Instruments (TI) s TMS320C6x DSP chips. A host PC

and several development tools work together with the board to provide a complete design
13RS

environment. The development tools are TI’s Code Composer Studio integrated develop-
ment environment, JTAG emulator and II ‘&Zumatoolset for the Quatro6x. In the existing
simulator [32], three DSP chips aré: used to 1mplement the modulator, the channel, and
the receiver respectively. However, the three DSP programs need to execute in a certain
specified order. Otherwise, troubles arise. Is it due to the platform or our application?
Therefore, in this chapter, after introduction of the DSP environment, we are concerned
with the interprocessor interaction mechanism, and the problem of synchronizing execu-

tion in the multiprocessor environment.

Fig. 3.1: Innovative Integration’s Quatro6x DSP board (from [18]).
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3.2 Introduction to the Multi-DSP Board

The DSP board we use is Innovative Integration (II)’s Quatro6x DSP board. It houses four
Texas Instruments (TI)’s TMS320C6x01 DSP chips. The four chips may be fixed-point
TMS320C6201 DSPs or floating-point TMS320C6701 DSPs. In the following, Quatro62
and Quatro67 refer to Quatro6x (or Q6x) that houses TMS320C6201 and TMS320C6701
DSPs, respectively, and Quatro6x (or Q6x) refer to either case. This section introduces

the DSP chip and the DSP board.

3.2.1 TMS320C6x DSP Chip

Much description given in this subsection is taken from [41] and [42]). TT’s TMS320C6701
is a 167 MHz floating-point DSP, and TMS320C6201 is a 200 MHz fixed-point DSP.
Fig. 3.2 give their block diagrams,«The TMS320C6x (’C6x) DSP processor consists of

three main parts: the core, memory, and peripherals.
DSP core

The DSP core has two paths A and B in which processing occurs. Each data path has a
register file containing sixteen 32-bit registers. Each path has four functional units to per-
form multiplication (.M), addition (.L), branching (.S) and load/store (.D). The functional
units of each data path have a data bus to connect with the registers on the opposite side

of the DSP core so that the units can exchange data.
Internal memory

The *C6x has 64 Kbytes internal program memory and 64 Kbytes internal data mem-
ory. The program memory is 256 bits wide, having one fetch packet per line. The pro-
gram memory can be configured as a program cache or a directed program memory. The
64 Kbytes of data memory of the C6x is organized into two blocks of 32 Kbytes: the
TMS320C6701 have eight banks per block, and the TMS320C6201 have four banks per

block.
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Peripherals

The *C6x chip contains several peripherals for communication with off-chip memory,
coprocessors, host processors, and serial devices. Peripherals include a direct memory
access (DMA) controller, power-down logic, external memory interface (EMIF), serial
ports, expansion bus or host port, and timers. EMIF provides the interface for the DSP
core to connect with several external devices, allowing additional data and program mem-
ory space. The DMA controller transfers data between regions in the memory map with-
out passing through the DSP core. The DMA allows the movement of data at the internal
memory, internal peripheral, or the external devices occurs in the background of the DSP

core operation.

3.2.2 Quatro6x DSP Board

Much description given in this subsection4s:taken from [19] and [7]. Fig. 3.3 shows a
block diagram of the Quatro6x board. | Four DSP' chips and memories are shown with
connection to peripherals and other interfaces. The'Quatro6x is a PCI bus compatible
DSP board housing four Texas Instruments (TI)’s TMS320C6x ("C6x) DSP chips in a
symmetric multiprocessing relationship with interprocessor communication links. The
four chips are called DSPO to DSP3 (CPUO to CPU3 or DSP-A to DSP-D) anticlockwise.

The Quatro6x’s features include the following:
Six interprocessor FIFOLinks

The Quatro6x implements a high speed, flexible FIFO-based interprocessor communica-
tion network called FIFOLink. The FIFOLink network allows any on-board processor
to transmit to and receive from any other processor on the card via a high-speed 32-bit
wide FIFO buffered interface. Each of the six available links implements a 512 x 32 bidi-
rectional buffer, and the maximum transfer rate reaches 160 Mbytes/sec on a 200 MHz

Quatro6x board. Further discussion of FIFOLinks will be presented in the following
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Fig. 3.3: Innovative Integration’s Quatro6x block diagram (from [18]).
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chapter.
Three interboard FIFOPorts

The FIFOPort feature provides a means for interboard communications. It provide three
bidirectional buffered 16-bit interfaces which allow external hardware or other II’'s DSP
boards to communicate with the Quatro6x. A 512 x 16 FIFO is provided per FIFOPort,
and up to 80 Mbytes/sec writing rate and 57 Mbytes/sec reading rate can be reached. Only
DSP1, 2, and 3 support FIFOPorts, but DSPO (first processor) has not. More details about

applying FIFOPort can be found in [11].
PCI interface with ASRAM buffer memory

The Quatro6x provides a standard 32-bit PCI bus interface for communication between
the PC and the DSP board. Only first processor (DSPO) can communicate directly with
the host PC through PCI. The ASRAM (asynchronous SRAM) accessible by the PCI bus
interface device. The 128K x 32°ASRAM 15 used as a buffer for busmaster and slave data

movement on the PCI bus. Further understanding of PCI can be gained from [7].
External SBSRAM and SDRAM memory pools

Optional SBSRAM (synchronous burst SRAM) and 16 Mbytes SDRAM (synchronous
DRAM) memories provide large areas to store data or program. The SBSRAM and
SDRAM are not accessible by the PCI interface and are private to their associated proces-

sor. The processors allow 8-, 16-, and 32-bit wide data movement to and from off-chip

SBSRAM and SDRAM memory.

3.3 Introduction to the Development Tools

Much description given in this section is taken from [19]. The development tools of the
Quatro6x are Code Composer Studio integrated development environment, JTAG emula-

tor and Zuma toolset for the Quatro6x.
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3.3.1 Code Composer Studio

TI’s Code Composer Studio (CCS) is an integrated development environment to provide
editing, compiling, downloading and low level debugging.

When used in conjunction with II’s JTAG emulator, CCS allows to access specific DSP
registers and functions. The PCI-style JTAG debugger is a separate card connecting with
Quatro6x DSP board via cable. Using the JTAG-based, hardware-assisted C/Assembler
source debugger, typical application programs will consist of one or more C (.c), header
(.h), and assembly language (.asm) source files, as needed. Additionally, target program
generation requires use of a linker command file (.cmd) which specifies the memory map
(.map) for the target and optionally includes commands defining the libraries to be linked
into the final application.

The linker command file serves three main_ objectives. The first objective is to de-
scribe to the linker the memory -map 'of the system to be used, and this is specified by
“MEMORY({...}”. The second objectiveis‘to tell the linker how to bind each section of
the program to a specific section as defined by the “MIEMORY{...}” area, which is speci-
fied in the “SECTIONY...}”. The third objective is to supply the linker with the input and

output files, and options of the linker.

3.3.2 Zuma Software Toolset

The Zuma toolset is a comprehensive collection of tools and libraries used to develop

application programs for several series of II’s DSP boards, which includes:
1. DSP Peripheral Library — supporting on-board peripheral and DSP functions.
2. Dynamic Link Library (DLL) — for host PC software application development.
3. Host Support Applets — for terminal emulation and automatic program download.

4. Sample Applications — showing Host PC as well as target DSP coding techniques.
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UniTerminal and MPO are II's support applets for terminal emulation and automatic pro-

gram download.
UniTerminal

Each of the development packages is supplied with a terminal emulator application called
“UniTerminal,” which can be used either stand-alone or in conjunction with CCS. If we
invoke the UniTerminal utility and it is successfully started, then UniTerminal will display
“Status: Active. DSP DLL Loaded OK” at the bottom of its client window.

The terminal emulator UniTermimal provides a C language-compatible, standard I/O
terminal emulation facility for interacting with the stdio library running on an Innovative
Integration target DSP processor. The DSP program execution will be halted automati-
cally at the first stdio library call if the terminal emulator is not executing when the DSP
application is run, since standard I/O uses hardware handshaking.

The UniTerminal supports downloading of €ither COFF (Common Object File For-
mat) files (.OUT) or multiprocessor out-GCMPO)files: The .MPO file provides a means
of downloading separate .OUT files to multiple:processors simultaneously, which greatly

simplifies the task of synchronizing execution in a multiprocessor environment.
MPO

The MPO editor provides a means of editing the special configuration files used on
the Quatro6x to allow downloading of multiple COFF object files simultaneously. The
UniTerminal applets understand the MPO file format and are able to consume .MPO files
as well as .OUT files as download arguments. Attempting to download an MPO file from
within UniTerminal will cause new code to be loaded onto and executed by all proces-
sors. This is in contrast to the downloading a standard COFF .OUT file, which simply

downloads and executes code on DSPO (first processor) only.
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TEST example program

One may refer to the target board directory for example programs provided with II's de-
velopment package for examples of the use of the Quatro6x. These programs are provided
as models for custom user software, and II highly recommends that the user examine these
examples before beginning a first development effort for the target DSP. Full source code
is provided for user inspection and reuse in modified or customer application.

TEST and TEST?2 are board level hardware test programs, capable of exercising the
major peripherals on the Quatro6x to double-check proper hardware functionality. As
such, it contains routines for exercising each of the peripherals on the Quatro6x, includ-

ing:

1. FIFOLinks,

2. FIFOPorts,

3. Internal timers,

4. Sync serial ports,

5. Busmastering, and

6. Interprocessor interrupts.

The programs aim to be encompassing in that they try to test as much of the board-level
functionality as possible. The code included for TEST and TEST2 are broken down into
functional pieces which are called separately for each subsystem to be tested, it is possible
to factor out individual tests for use in other programs.

For example, the Quatro6x implements an interprocessor interrupt generation archi-
tecture which allows any one processor to notify any other processor of an event or condi-
tion via an interrupt. The *C6x has two 32-bit general-purpose timers that is used to time

events, count events, generate pulses, interrupt the CPU and send synchronization events
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Fig. 3.4: FIFOLinkblock diagram (from [19]).

to the DMA controller. If we want to apply interprocessor interrupt based on internal

timer, it is one of ways to factor out them from TEST and TEST?2.

3.4 Interprocessor Interaction

Much description given in this section is taken from [19], [11], and [32]. On the Quatro6x
DSP board, each of the four DSP processors has FIFOLink connected to another onboard
processor. The FIFOLinks are compatible with the DMA controller for high-performance
interprocessor data flow. Both FIFOPort and FIFOLink have several modes that can be
used: single word, full words by DMA and almost full mode. In this section, we introduce

the way to use FIFOLink and DMA functions for communication between two processors.

3.4.1 FIFOLink Functions

Fig. 3.4 shows the details of a single FIFOLink interface connection and its attendant
control and status signals. Each FIFOLink includes a 512-element x 32-bit bidirectional

buffer with full level and interrupt control on data transmission and reception. In this
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subsection, we describe some important functions used in FIFOLink. Before using FIFO

(both the FIFOLink and the FIFOPort), there are some important things to do:

e Include the header file “periph.h.”

e Declare the variables used by FIFO as global variables.
FIFOLink reset
The receive FIFO may be cleared and its condition reset at any time by using the function:
reset_fifo_link(cpu), cpu € 0, 1, 2, 3.
FIFOLink status

The current fullness of a given link may be determined by reading the status port. The
low-order six bits of the status port.shows the.status of Full, Empty, and Almost Full from
each device. The FIFO status is defined in Table 3.1.. We can use the following function

to get the status:
get fifo_link_status(epu), cpu € 0, 1, 2, 3.
FIFOLink data transfer functions using CPU

Data may be moved between memory blocks and each of the FIFOLinks using the func-
tions listed in Table 3.2. These routines are coded as inline functions for speed. The
address of FIFOLinks is defined as Periph->FLink[fifo_link(cpu)]. For example, when
we want to transmit a single word “a” to other CPUs through FIFOLink buffer, the used

instruction as follows,

Periph->FLink[fifo_link(cpu)]=a; // cpu € 0, 1, 2, 3.

It’s same as fifo_link_split(cpu,a). If we check FIFOLink status before the transfer, that is,

while(!(get_fifo_link status(cpu)&Tx_FIFO_EMPTY);
Periph->FLink[fifo_link(cpu)]=a;
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Table 3.1: FIFO Status Definition [19]

C #define Bits # | Condition

Rx_FIFO_FULL 0 Receive FIFO contains 512 elements

Rx_FIFO_LEMPTY Receive FIFO contains 0 elements

Rx_FIFO_AF Receive FIFO contains more elements than pro-programmed threshold
Tx_FIFO_FULL Transmit FIFO contains 512 elements

Tx_FIFO_EMPTY Transmit FIFO contains 0 elements

Tx_FIFO_AF Transmit FIFO contains more elements than pro-programmed threshold

N[ BN =

Table 3.2: FIFOLink Data Transfer Functions Using CPU [19]

C Function Description

fifo_link_spit(cpu,a) | Write a single word to the transmit FIFO using CPU without handshaking

fifo_link_emit(cpu,a) | Write a single word to the transmit FIFO using CPU with handshaking

fifo_link_eat(cpu) Read a single word from the receive FIFO using CPU without handshaking

fifo_link_key(cpu) Read a single word from the receive FIFO using CPU with handshaking

fill_fifo_link() Write up to 512 elements from a memory buffer into the transmit FIFO using CPU

bleed_fifo_link() Read up to 512 elements from receive FIFO into memory buffer using CPU

This is single word transfer with‘handshaking, and same as fifo_link_emit(cpu,a). Similar

examples can be found in II recommended example program, TEST and TEST2.

3.4.2 DMA Transfer Functions

The DMA controller transfers data between regions in the memory map without interven-
tion by the CPU. It has four independent programmable channels, allowing four different
contexts for DMA operation. The DMA channels may be used to transfer data between
any of the FIFOLinks and a memory buffer using the inline functions in Table 3.3. The

call sequences are:

dma_mem_to_port(int channel, int* src, int* dest, int count, int block),
dma_port_to_mem(int channel, int* src, int* dest, int count, int block),

dma_copy_mem(int channel, int* src, int* dest, int count, int block).

For instance, the function dma_copy _mem(int channel, int* src, int* dest, int count,

int block) copies “count” words of memory from the source buffer “src” to the destination
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Table 3.3: DMA Data Transfer Functions [19]

C Function Description

dma_port_to_mem() | Read up to 65536 words from a FIFO at indicated address into a memory
buffer using specified DMA channel

dma_mem_to_port() | Write up to 65536 words from a memory buffer into a FIFO using specified
DMA channel

dma_copy_mem() Copies up to 65536 words between internal memory and external memory
using specified DMA channel channel

[FEEE fransnutter *H**/

#detine cpu_recerver 2

mt transmt] 512]

reset FIFO lmk (cpu_receiver),

while(!(get fifo linl status(cpu receiver )&Tx FIFO EMPTY)),

dma_mem_to_port(0,(int *pramsnut, (it *)&Periph-=Flort[(cpu_recerver }],512.1).

JRERK peceiver FEEE
#define cpu_transmitter 1

int recerver[ 512]

reszet FIFO link(cpu_transmitter);

while(!(get fifo link statug(cpu_transmitter )&Rx FIFO _FULL)),
dma_port to_mem(0, (int *)&Periph-=Flink[(cpu_transmitter)],

(it*peceiver ,512,1).

Fig. 3.5: Code for using DMA through FIFOLink (from [32]).

buffer “dest.” This function utilizes the specified DMA channel to perform the move. If
“block” is true, the function waits until the move is completed before processing; other-
wise execution continues immediately after the DMA operation starts. We give an exam-
ple of using DMA through FIFOLink buffer with full level in Fig. 3.5. More details will

be discussed in chapter 4.
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Fig. 3.6: Transmission mechanism:in the existing simulator (from [32]).

3.4.3 Transmission Mechanism [32]

Fig. 3.6 shows the transmission mechanism of the existing simulator [32]. When we ini-
tialize the DSP, the SNR, initial value of scrambling codes and channel case will be set in
the controller PC and downloaded to CPUO. We use FIFOLink single mode transmission
to transmit the information to the modulator in CPU1. The input to modulator from the
last board is received using FIFOPort almost full mode. We pass the output to the next
processor after finishing one slot. The FIFOLink can transmit 512 x 32 bits of integer
per time in full condition. During the process, a stop signal will be transmitted through
all processors. The stop command is given by the first processor or the host PC. We use

single word mode to pass the signal in FIFO.

30



Table 3.4: Unlucky Style

noise.h & channel.c data.h & modulation.c CCS | MPO
1 | short noisereal[298801]={...}; | unsigned short input[330]={...}; | Can | Can
short noiseim[298801]={...}; | index=count*10; Run | Not
J=(slot*10240+...)%298801; J=(input[330+count]...; Order | Begin
2 | short noisereal[11]={...}; unsigned short input[330]={...}; | Can | Can
short noiseim[11]={...}; index=count*10; Run | Not
J=(slot*10240+...)%11; J=(input[330+count]...; Finish

3.5 Coding Style

In this section, for multiprocessor programs synchronizing execution smoothly in CCS

and MPO, we compare two coding styles, which is sensitive to array declaration.

3.5.1 Unlucky Style

In the existing simulator, we found an unlucky-coding:style as shown in Table 3.4. This
unlucky style is to declare array ‘of many elements with assigned value. It exists in two
header (.h) files, one is noise.h and another is data:h. As introduced previously, the ex-
isting simulator stores 298801 complex-valued noise data in the noise.h file. In addition,
there are 330 elements of data stored in data.h for modulation code. However, it is unlucky

to run MPO smoothly or CCS without order.

3.5.2 Lucky Style

As shown in Table 3.5, we found a lucky style, which is to declare array of many elements
without assigned value , or array of less elements with assigned value. It is lucky to run
MPO smoothly. However, it maybe changes largely the implementation of the existing

simulator. In next section, we find out a solution without changing coding.
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Table 3.5: Lucky Style

noise.h & channel.c data.h & modulation.c CCS | MPO
3 | short noisereal[11]={...}; unsigned short input[33]={...}; | Can | Can
short noiseim[11]={...}; index=count*1; Run | Run
Jj=(slot*10240+...)%11; j=(input[3+count]...;
4 | short noisereal[298801]; unsigned short input[330]; Can | Can
short noiseim[298801]; index=count*10; Run | Run
J=(s1ot*10240+...)%298801; | j=(input[330+count]...;

3.6 Tools Compatibility

Besides the coding style in previous section, we get a solution in this section ending for

synchronizing execution. Before this, we are suffering from tools compatibility.

3.6.1 Two Issues in MPO and CCS

There are two issues related to Quatrob6x platform. One is for MPO, another for CCS.

Fig. 3.7 shows the issue 1 in"MPO. Its".OUT or .MPO file could not run by UniTer-
minal only, it seems sensitive to 2 facters: one is«cinit to DRAM or SDRAM, another is
array size less or more than 500.

Fig. 3.8 shows the issue 2 in CCS. It repeated “TP>> internal error: bad type:
TYPE::type_qualified()” during compile phase in newer version environment CCS2.0.
However, the internal error exist, but zero error during compiling phase.

We email the two issues to vendors. However, vendor II suggests us migrate platform

to new version. Refer to the appendix for details.

3.6.2 Migration to the New Version

As discussed previously, our application still encountered the two issues on the old ver-
sion platform. When we tried to migrate to new version CCS2.2, or several different
combinations of TT and II toolsets, many additional compile errors or link errors often

happened. It also happened for the vendor’s example program of board-level TEST, and
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two 1ssues related to LI Qéx DEP

Remarkl: one of simple source code to demo issuel:

#include <stdio.h>
short al[501]={0,1,2,3,4,5,6,7, 8.9,

90,91,92,93,94,95,96,97,98,499.500};
void main{){
printf{""nCPU_A main begin');
printf{""nal[0]:%0d",al[0]);
printf{""nal[500]:%0d",al[500]);
printf{""nCPU_A main end");

Fig of issuel:

11507 symbols. Stoang table size=1935
14 sections, wisweapped foromat, big-E data

| No mloc

Loading <vecss, add =00, size=0x200

| Loading < text=, addr=0x400, size=0x3%a0
Losding < onchips, addr=x37a0, size={xle0

| Loading < bsss, ad dr={S0000400, size=0x01c
Loading «<.const=, ad dr={800004 1 ¢, sme={>05d
| Autoinitislization from <.cinit>

Loading < cinits, ad dr=0x2000000, size=0x03ea

L e e

Fig. 3.7: A simple code suffering from issue 1 in MPO.
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two 1ssues related to LI Qéx DSP

Remarlk?2: one of simple source code to demo issue:

#include "periph.h"

short ¢ multy real;

void main(){
short ¢=0;
while(!(get fifo link status(2)&Tx FIFO EMPTY));
¢ _multy real=c;

Fig of issue2:

0=x00000000 len = 0x0D00400
0200000400 len = Ox000£c0D
0xB0000000 len = Ox0010000
0202000000 len = Ox1000000
0=03000000 len = Ox0100000

INTO MEMORY e

> VECE = Interrupt Vectors
PRAEM Cad

e canna .pjt — Custm ————————————————————————————

“or w6000 cgtools bintcléx” -g -g -o2 -fr"D: CHLEE-TI2-TRAIN/channel" -1"C:-Q6x<Include Target” -me -ml2 -
[channel ]

ITF»» internal error: bad type: TYPE::tvpe gualifaed()

"gintinee000egteols bin clbz” -8"Custom.1kE"”

[<Linking>

MMS320C6x COFF Linker Version 4.10

Hopyright (c) 1996-2001 Texss Instruments Incorporated

»> #command line®: error;: can’'t open file
D:CHLEE-TIZ2~TRAIN“channel channel .ab) for input

fBuild Complete,
§ ! Errore, 0 Warnings, 0 Remarks.

Fig. 3.8: A simple code suffering from issue 2 in CCS.
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even for a very simple code such as summation from 1 to 100.

The above problem is sensitive to version combinations. After trying various combi-
nations, we got a trouble-free combination without errors as shown above. The combina-
tion is II 2.97 installation CD and TI's CCS2.1 with patch from CCS2.0. On this platform,
the program can run smoothly through CCS or MPO, that is, our multi-DSP application
can run smoothly without a specifying the startup order through CCS, and the task of
synchronizing execution through MPO can also run smoothly.

Therefore, we do migration to the specified platform without issues of tool compati-
bility. The memory amount may be not large enough to allocate both platform and appli-
cation. Hence one should take care of memory allocation in linker command file to avoid

the problem that memory can not be allocated.
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Chapter 4

Efficient Multiprocessing on Quatro6x

4.1 Overview

In general, when a system is partitioned to n processors, we hope to get n times the speed
compared to using one processor. However, In fact, it is not so simple. For example,
the three individual parts (channel smodulation, and matched filter) in the existing imple-
mentation can be run in real-tim¢& in-about 7.5,710.2, and 8.3 ms per frame, respectively,
but the actual run time is about 20 ms. per-frame. after we connect three main parts and
download them to Quatro6x DSP board [32]. Why did the run time increase after they are
connected? In the early part of this chapter, we profile unexpected the time-consumption
to identify the actual performance. Then, in the latter part of the chapter, we point out that

how care must be taken to apply double buffering scheme.

4.2 Structure of DSP Partition

Tsai [32] implement the sequential-10240 structure in the existing simulator. In this
section, we discuss with several structures of DSP partition, such as parallel structure,
sequential-512 and pipelining-512. Then, we devote to implement pipelining-512 struc-

ture.
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Fig. 4.1: Interpolated fitering system with the cascade of pulse shaping filter, channel, and
matched filter.

4.2.1 Parallel Structure

In this subsection, we discuss with parallel structure using polyphase technique. However,

we let go this thinking for keep flexibility and lack of enough FIFOPorts.
Polyphase with three functional blocks?

As described in chapter 2, Figures 2.5 and 2.6 depicts 4-polyphase implementation of the
pulse shaping filter. Similarly, let us'considerfour functional blocks as shown in Fig. 4.1.
As shown in Fig. 4.2, the questiontis; can we combine pulse shaping filter with the follow-
ing channel model and matched filter into-one block and apply the polyphase technique?
The basic idea is correct, but it loses 'some flexibility. If we do this, we cannot get the
output signal at the output of each functional block. For example, we cannot get the over-
sampled, transmit-filtered signal since we have combined these three functional blocks
together. Particularly, if we combine all filters into one block, then we lose the flexibility
of simulating different kinds of channels, especially time-varying channels. Since trans-
mitter and receiver filters belong to the transmitter and the receiver, respectively, they will
have to be implemented separately in practical real systems, anyway. Therefore, we keep

the separation of these functional blocks.
Quatro6x DSPs parallel interconnection?

In previously existing implementation, we put the pulse shaping filter, the channel model,
and the matched filter in three different DSPs and connect them in series. If four DSPs

by parallel connection and each DSP included channel model, pulse shaping filter, and
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Fig. 4.2: Polyphase technique applied to the cascade of pulse shaping filter, channel, and
matched filter.

matched filter. Then, the latency maybe almost«anish because no functional block across
interprocessor. However, the schéduling may be a problem. We are not sure whether
parallel interconnection will be better:or not, maybe need to check the computational
complexity to see if it is possible. However, due to only three FIFOPorts exist for four
DSPs on Quatro6x board, that is, DSPO have no FIFOPort, so we let go the parallel

connection thinking.

4.2.2 Sequential Structure

In this subsection, we discuss with sequential structure, which use blocking mode DMA.

Blocking mode DMA

As discussed in chapter 3, the DMA functions we use are

dma_mem_to_port(int channel, int* src, int* dest, int count, int block),
dma_port_to_mem(int channel, int* src, int* dest, int count, int block),

dma_copy_mem(int channel, int* src, int* dest, int count, int block).
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If “block” is true, the function waits until the move is completed before processing, which

is called the blocking mode DMA.
Sequential-10240 structure

In the previous implementation, Tsai [32] employ sequential-10240 structure to processes
a slot of information each time. It is data amount of 10240 samples per slot. As discussed
previously, the FIFOLink buffer size is up to 512 samples. In the sequential-10240 struc-
ture, the channel model processor repeat blocking mode DMA 20 times through FIFO
to get one slot of input, then compute, and then repeat blocking mode DMA 20 times

through FIFO to output the result. However, the latency is big.
Sequential-512 structure

If we process 512 samples each time, then we hope-that we can cut the latency down to
1/20. In addition, we also reduce memory usage. ‘In the sequential-512 structure, each
time the channel model processoruse blocking mode DMA to input 512 samples through
FIFO, then compute, and then use blocking mode DMA to output 512 samples through
FIFO.

4.2.3 Pipelining Structure

We propose a pipelining structure, which use non-blocking mode DMA and double buffer.
Partial idea of the structure is from *C6x pipeline operation [40] and software pipelining

[43], [39].
Terms of pipelining

There are three basic terms common to software pipelining: prolog, loop kernel, and
epilog. The first stage, prolog, contains instructions to build the second-stage loop cycle,
and the epilog stage contains instructions to finish all loop iterations [8]. In our pipelining-

512 structure, we want to pipeline a FIFO-buffered block size of 512 samples. Besides
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this size is different to the instruction cycle of software pipelining, the terms prolog, loop

kernel, and epilog are still available. We give a comparison in Table 4.1.
Non-blocking mode DMA

As discussed previously, the DMA transfer function we use are

dma_mem_to_port(int channel, int* src, int* dest, int count, int block),
dma_port_to_mem(int channel, int* src, int* dest, int count, int block),

dma_copy_mem(int channel, int* src, int* dest, int count, int block).

If ”block” is false, then program execution continues immediately after the DMA op-
eration starts, which is belonging to the non-blocking mode. There is a while-loop to
check the dma_done status inside DMA transfer function. The dma_done command re-
ports DMA operation done ready or not yetzwhieh réturns true if DMA channel available.
If we use non-blocking mode, thi§ while-loop skips in DMA support library. We could put
the while-loop of checking dma_done outside- DMA transfer function. Then, we insert the
code of a wanted pipelining-512 loeping unit between non-blocking call DMA transfer

function and while-looping check DMA completion status.
Pipelining-512 structure

As shown in Fig. 4.3 and Table 4.2, there are five operations used for the channel simula-

tor, including
1. dma_copy-mem move in real part noise from external memory without FIFO,
2. dma_copy-mem move in imaginary part noise from external memory without FIFO,
3. dma_port_to_mem move in nth-512 Fout via FIFO from modulator,
4. CPU compute (n — 1)th-512 Fout according channel model to form Path, and

5. dma_mem_to_port move out (n — 2)th-512 Path via FIFO to matched filter.
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Fig. 4.3: Operations of one computing and four movement used for the channel simulator.

We assign four independent DMA channels for the above four kinds of DMA transfer,
respectively. Based on non-blocking DMA, we apply dual buffers for Fout and Path,
respectively. That is, LF', RF', LP, and RP as shown in Table 4.2. One buffer used for
computing while another buffer used for moving data. However, we pay attention to a

matter of double buffering in the latter part of this chapter.

Table 4.1: Pipelining Structure, Software Pipelining and *C6x Pipeline Operation

| | Our Pipeline-512 Structure Software Pipeline and *C6x Pipeline
Cycle Block-based 512 samples Clock-based instructions
Device Multiprocessors of three DSPs Eight functional units of CPU core
Stage Prolog, loop, and epilog Prolog, loop, and epilog
Phase | Move in, computing, and move out. Fetch, decode, and execute.
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Table 4.2: Scheduling Table of Our Pipelining-512 Structure

Block | Move In Fout Channel CPU Processing Move Out Path
Cycle | from Modulator Fout to form Path to Matched Filter
1 Ist-512 @ LF No operation No operation
2 2nd-512 @ RF Ist-512 @ LFF — LP No operation
3 3rd-512 @ LF 2nd-512 @ R — RP Ist-512 @ LP

n | nth-512 @LE | (n — 1)th-512 @ RF — RP | (n— 2)th-512 @ LP

10 10th-512 @ RF' 9th-512 @ LF — LP 8th-512 @ RP

11 No operation 10th-512 @ RF' — RP Oth-512 @ LP
12 No operation No operation 10th-512 @ RP

4.3 Actual Speed Observation

We insert the uclock commands into the DSP program to observe actual run-time in detail.

It is helpful to find out the unexpected. time-consumption.

4.3.1 Observation on Single DSP Chip

As shown in Table 4.3, we observe‘only one individual program on a single processor
DSPO, respectively. However, only first processor DSPO is available to the uclock com-
mand. There are many different versions programs belong to the channel, the modulation,
the receiver programs, respectively. One of key information exists in the table, that is, the
scramble code generation takes around 29 ms per run, and belongs to overhead but not
looping part. Zoom in the subroutine; we see that some if-else statements inside the

for-loop of many times looping. It may why this routine is so time-consuming.

4.3.2 Observation of Overall Connection Speed

Table 4.4 shows the overall speed after three DSP programs (channel, modulation, and
receiver) are connected. There are many different versions programs belong to the differ-
ent structures, such as sequential and pipelining. We are interested the time-consumption

per slot because it is belonging to looping part. In 3GPP standard, a frame of 15 slots
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Table 4.3: Observation on Single DSP

| ms @cpu0 | Channel | Modulate | scramble | 33-tap | 9-tap | Remark |

TEST_SPEED | 14.255 48.03 29.282 8.719 | 1frame/run

(ms/frame) | (14.255) | (10.685) | +8.063 (8.719) case3
DEMO 16.269 51.379 28.445 237.325 | 17.458 | 2frame/run

(ms/frame) (8.134) | (11.467) (118.662) | (8.729)

MULTIUSER 9250 51.307 17.458 noise by
(ms/frame) log, cos
SYSTEM 16.268 | 249.359 29.3 17.458 | 2frame/run
(ms/frame) (8.134) | (112.03) (8.729)

SINGE_USER | 16.27 51.398 22.384 | 237.325 | 17.458 | 20s/200run
(ms/frame) (8.135) | (11.467) | +6.073 | (118.662) | (8.729) | with Rake
CHANGING | 15.037 54.19 ~ 29 237.351 | 17.458 | 251,92,75

(ms/frame) | (7.519) | (~12.6) (118.676) | (8.729) | in Table 4.4
Table 2.6 (6.67~ | (10.24) (8.346)
11.72)

Table 4.4: Observation on Overall Connection Speed
‘ Modulation / Channel ‘ Receiver ‘ Run ‘ Scramble ‘ Slot ‘
pipelining-512 33-tap sequential-512 |1251 ms | 289 ms | 7421 us
sequential-10240 O-tap sequential=512 4110 ms | 30.5ms | 2637 us
pipelining-512 O-tap sequential-512-"| 92ms | 299 ms | 2096 us
pipelining-512 O-tap pipelining-512 | 75ms | 299 ms | 1521 us
pipelining-512 O-tap pipelining-512 | 64ms | 299 ms | 1170 us
(no many uclock)

has 10 ms length. As discussed previously, for FIFO size up to 512 samples, we need
move 512 samples 20 times for a slot data. It means that a real-time criterion is about
666 us per slot, that is, 33 s per 512 samples. However, the better speed is about 1 ms
per slot, which is about 1.5 times the criterion. We zoom in actual speed in the following

subsections, respectively.

4.3.3 Observation by Changing Segments of Program

This subsection presents observations by changing segments of the channel program.
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21 us

21 us

1 us

w2=(;

while(!{get fifo link status(2)}&Tx FIFO EMPTY)) {w2=w2+1;}
t2=uclock(};

dma mem to port(1.{int*)path.(int*)&Periph-=FLink[fifo link({2)].512.0);
t3=uclock(};

we=(;

while(!{get tifo link status({1)&Rx FIFO FULL)) {wd=wd+1;}
td=uclock(};

dma port to_mem{0,(int*)}&Periph-=FLink[fifo link{1}].(int*}fout,512,0};
t5=uclock(};

Q for(i=512;1=527;1++){......}

to=uclock{);

for{i=527,1=1024;1++){......}

t7=uclock(};

for(i=1024i<1039;i+H){......}

t8=uclock(};

wi=0;

while( !{dma_done{0) && dma_done(1)) ) {w8=w8+1;}

Fig. 4.4: Case A0 program segment.

(A0) When run channel program with modulation and 9-tap receiver together

As shown in Fig. 4.4, the measured time difference between t5 and t6 is about 21 ps. Is it

from the first for-loop computing-time itself or not?

The channel model program performs complex multiplications to input data and chan-

nel coefficient. If single path, then for each point, we need four real multiplications where

two are for real part and two for imaginary part. The TMS320C6701 DSP chip of 167

MHz has two units to perform multiplication and six units for addition. Therefore, one

multiplication requires on the average of 6 ns and 3 ns, depending on the utilization of the

two multipliers.
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w2=0;

while{!{get fifo link status(2)&Tx FIFO EMPTY)) {w2=w2+1;}
t2=uclock(};

dma mem to port(1,(int*)path,(int*)&Periph-=FLink[fifo 1ink{2)].512,0);
t3=uclock();

wd=0;

while{!{get fifo link status(1)}&Rx FIFO FULL)) {wd=w4+1;}
td=uclock(};

2us dma port to mem(0,{(int*)&Periph-=FLink[fifo link(1}],(int*}fout,512,0);
Ht5=uclock();
Hor(iF512i<52TiH .} | Removed
{it6=uclock();
HHor(i=32T:i<1024;i++){......}

t7=uclock(};
20-u8 Q for(i=1024;i<1039;i++){......}
t8=uclock(});
w8=0,
while{ !{dma done(0) && dma done(1)) )} {w8=w8+1;}

Fig. 4.5: Case Al program segment.

The 21 ps between t6 and t7 is reasonable for the second for-loop computing time.
In the second-loop of 497 points, for both two paths, we need 4 x 497 x 2 = 3976
multiplications. If 6 ns for a multiplication, then 3976 x 6 = 23856 ns, it is near 21 us.

Similarly, the 1 ps between t7 and t8 is reasonable for third for-loop of 15 points to
compute the second single path each point, we need 4 x 15 x 1 x 6 = 360 ns, it is smaller
than 1 us resolution of uclock command.

Therefore, the first for-loop of 15 points should take about 1 ps, but not measured 21
(s, to compute first single path each point. Where does this 21 us between t5 and t6 come

from?
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(A1) When the first and second for-loop are removed

In this A1 case as shown in Fig. 4.5, we remove the first for-loop, the second for-loop,
t5 and t6 measurement, but still keep the third for-loop in program. Therefore, the time
difference between t7 and t8 become 20 us, but not keep 1 us as before. Thinking about
the 21 pus between t5 and t6 in the previous case A0, and the 20 us between t7 and t8 in
this current case A1, it hints that the strange time appears around just next command after

of the dma_port_to_mem(0,......,0) of non-blocking.
(A2) When dma_port_to_mem is changed to blocking mode

As shown in Fig. 4.6, we modified to case A2 from case Al, only changed to blocking
mode in dma_port_to_mem. Then time difference between t4 and t7 become to 21 s in
case A2 from 2 us in case Al, alsotime difference between t7 and t8 become to 1 us
in case A2 from 20 ps in case Ad. It hints that the strange time such as 20 yus in case
Al is correlated to dma_port_to-mem of non-blockings mode. Moreover, we know that
dma_port_to_mem of blocking mode take about 21 gis to move 512 32-bit integer data

through bursting FIFO buffer.
(A3) When dma_mem_to_port is changed to blocking mode

As shown in Fig. 4.7, case A3 is modified from case A2; the dma_mem_to_port between t2
and t3 is changed to use blocking mode. Then time difference between t2 and t3 is 19 us,
also time difference between t4 and t7 is 21 ps. We know again that dma_mem_to_port or
dma_port_to_mem of blocking mode takes around 20 ps to move 512 32-bit integer data

through bursting FIFO.
(A4) When both the first and the second for-loops are recovered

As shown in Fig. 4.8, case A4 is modified from case A3; both the first for-loop of
prolog 15 points and the second for-loop of looping 497 points are recovered. Then

blocking mode dma_mem_to_port takes 18 us between t2 and t3, and blocking mode
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w2=0;
while(!{get fifo link status(2)&Tx FIFO EMPTY)) {w2=w2+1;}
t2=uclock{};
dma mem_to port(1,{int*)}path,{int*)&Periph-=FLink[fifo link{2}],512,0};
t3=uclock();
wid=0;
while{!{get fifo link status{1)&Rx FIFO FULL}} {wd=wd+1;}
t4=uclock();

21 us ( dma,_port to_mem(0,(int*)&Periph->FLink[fifo_link(1)],(int*)fout,5 12
t7T=uclock(};

1 us ( for(i=1024;i<1039;i++){......} Blocking
t8=uclock();
w8=0;
while{ !{dma_done(0) && dma done(l}) } {w8=w8+1;}

Fig. 4.6: Case A2 program segment.

dma_port_to_mem takes 21 us between t4 and tS: The 21 us between t6 and t7 is rea-
sonable for the second for-loop to compute two paths of 497 points. Note that the time
difference between t5 and t6 is 2 us after blocking mode DMA in the case A4, but not

still 21 ps after non-blocking mode DMA in case AO.

4.3.4 Observation by Removing Data Transfer Commands

As shown in Table 4.5, from case BO toward B5, we observe time-consumption by re-

moving gradually the commands used for data transfer.
(B0) When running channel program with modulation and 9-tap receiver together

The actual run time is about 63.73 ms per run after we connect the three main parts of

channel, modulation, and 9-tap receiver, and download them to Quatro6x DSP board.
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w2=0;
while{!{get fifo link status{2)&Tx FIFO EMPTY)) {w2=w2+1;}
t2=uclock(};
19 us | dma mem to _port(1,(int*}path,(int*}&Periph-Z}FLink[ﬁfo_link(Z)],512
t3=uclock(};
wd=0; Blocking
2us | while(!{get fifo link status(1}&Rx FIFO FULL)) {wd=wd+1;}
td=uclock();
21us | dma port to mem{0,{int*)&Periph-=FLink[fifo link(1)],(int*}fout,512,1);
t7=uclock(};
1us | for(i=1024;i<1039;i++){......}
t8=uclock();
w&=0;
while( !{dma_done(0) && dma done(1}) ) {w8=w8+1;}

Fig. 4.7: Case A3 program segment.

(B1) When commands starting with ‘“while(!(get fifo link status’ are removed

In case B1, we remove commands starting with “while(!(get_fifo_link _status.” Only single
DSP of channel program is run. Then the run time reduces to 31.24 ms from 63.73 per
run. It is surprising that handshaking waits around 30 ms for scramble code generation to
be ready. However, there still exists a strange 20 us between t5 and t6 after non-blocking

mode DMA.
(B2) When the “dma_port_to_mem’” commands are removed

In case B2, we remove the “dma_port_to_mem” commands from case B1. Only single
DSP of channel program run. Then the run time reduces to 27.91 from 31.24 ms per run.
Moreover, we observe the time difference between t5 and t6 becomes 2 ys in current case
B2 from previous case B1. Excitingly, the strange time-consumption almost vanish in the

first for-loop between t5 and t6, that is, it reduces 18 ps largely since the non-blocking

48



w2=0;
while{!{get fifo link status(2)&Tx FIFO EMPTY)) {w2=w2+1;}
t2=uclock(};
18 us dma mem to port(1,(int*)path,(int*) &Periph-=FLink[fifo link{2)],512,1);
t3=uclock(};
wd=0;
while{!{get fifo link status{1)&Rx FIFO FULL}) {wd=w4+1;}
td=uclock(};
ZLus | dma port to mem(0,(int*)&Periph->FLink[fifo_link(1)],(int*)fout,512,1);
t5=uclock(); ]
for{i=512;1=527;1++){...... }
t6=uclock();
21us | for(i=527;i<1024:i4+){......}
t7=uclock();
1 us for(i=1024;i<1039;i++){......}
t8=uclock();
w8=0;
while{ !{dma done(0) && dma done(1)}) } {w8=w8+1;}

2us

2us
— Recovered

Fig. 4.8: Case A4 program segment.

49



mode dma_port_to_mem commands are removed. It is a close hint to find why the first-

loop takes a strange 20 s but not reasonable 1 us.
(B3) When the “dma_mem_to_port” commands are removed

In case B3, we remove the “dma_mem_to_port” commands from case B2. Only single
DSP of channel program is run. Then the run time reduces to 18.66 ms from 27.91 per
run. Moreover, we observe the time difference between t3 and t4 becomes 1 us in current
case B3 from 16 pus in previous case B2. The reduced 15 us is correlated to that 600 times

of commands in non-blocking mode dma_mem_to_port are removed.
(B4) When the “dma_copy_mem” and ‘“‘dma_copy” commands are removed

In case B4, we remove the “dma_copy_mem” and “dma_copy” commands from case B3.
Only single DSP of channel program is run. Then the run time reduces to 14.03 ms from

18.66 per run.
(B5) When commands starting with ‘‘while(!dma_.done” are removed

In case B5, we remove commands starting with “while(!dma_done” from case B4. Only
single DSP of channel program is run. Then the run time reduces to 13.8 ms from 14.03
per run. The 13.8 ms is reasonable for the computing time without DMA or FIFO related
command, that is, we need 13.8 ms for 600 times of 512-integer data each. In other
words, it is about 23 us per each 512-integer data; it is consistent with computing time
of 512 points (Refer to analysis in case AQ; the 23 us should be consisting of 1 s of the

15-points prolog, 21 us of the 497-points looping, and 1 us of the 15-points epilog).

4.3.5 Observation on the Sequential-10240 Structure

As discussed previously, the existing simulator simulator employ sequential-10240 struc-
ture. As shown in Tables 4.6, 4.7, and 4.8, we zoom in the time-consumption per slot, per

512 move-in and move-out 512 samples, respectively.
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Table 4.5: Observation on Case B Type of Removing Data Transfer Commands

Case BO B1 B2 B3 B4 B5
ms perrun | 63.72 | 31.24 | 2791 | 18.66 | 14.03 | 13.8
t3-t2 (us) 2 2 1 1 1
t4-t3 (us) 17 16 1 2 1
t5-t4 (us) 2 1 1 1 1
t6-t5 (us) 20 2 2 2 2
t7-t6 (us) 21 21 21 20 21
t8-t7 (us) 1 1 1 2 1

Table 4.6: Observation on the Sequential-10240 Structure per Slot
| Slot Index | Move-in 10240 | Computing 10240 | Move-out 10240 |

[0] 31279 ~ 31308 us 1161 us 735 ~ 759 us
[1]~[29] 738 ~ 762 us 1161 us 735 ~ 761 us
Remark Table 4.7 include noise move Table 4.8

As observed previously, the scramble code generation is time-time-consuming about
29 ms on single modulation procéssor. As shown in Table 4.6, we see that it is to result in
about 30 ms handshaking wait at the first'slot only.

The sequential-10240 structure does blocking-mode DMA movement continues 20
times via FIFO buffer of 512 samples size. Each DMA movement execute after FIFO
status handshaking ready. In order to double check the handshaking behavior, we insert
an accumulated adder inside the while-loop to count how many times the while-loop to
be testing. Here, we use the “add” as units meaning one testing happens per “add”.

As shown in Tables 4.7 and 4.8, we observe only 1st-512 movement has no handshak-
ing wait almost, which means that the period of a slot is enough to get FIFO status ready.
Nevertheless, the other movement per 512 samples exist wait about 0.6 ps/add, which
means that the period between sequential movements 512-samples is not enough to get

FIFO status ready. The handshaking wait is a looping cost.
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Table 4.7: Observation on the Sequential-10240 Structure per Move-in 512
‘ Index per 512 ‘ Handshaking Wait Time ‘ While-looping Times ‘ Move-in 512 ‘

[0] 1 us count O times add. 22 us
[1]~[19] 16 ~ 17 us count 26 ~ 27 times add. | 21 ~ 22 us

Table 4.8: Observation on the Sequential-10240 Structure per Move-out 512
| Index per 512 | Handshaking Wait Time | While-looping Times | Move-out 512 |
[0] 2 us count O times add. 18 us
[1]~[19] 19 ~ 20 us count 32 ~ 33 times add. 18 ~ 19 us

4.3.6 Observation on the Pipelining-512 Structure

As discussed previously, in the subsection of the observation of overall connection speed,
there are 251, 92, 75 ms per run, respectively, as shown in Table 4.4. Among these
three kinds of versions, the 251 mg version,is using.33-tap receiver, the others is using
O-tap receiver. All these three versions employ pipelifing-512 structure for channel and
modulator. In this subsection, we-pay atténtion.to.profile these three versions.

Table 4.9 is a summary table, whererich information hint unexpected time-consumption.
There are five tables zoom in this table, including Tables 4.10, 4.11, 4.12, 4.13, and 4.14,
where Tables 4.10 and 4.11 are expanded from ¢m14 and tm35, respectively, which are
belonging to the looping-512 kernel. Table 4.12 shows while-loop behavior of FIFO hand-
shaking between channel and receiver. Table 4.13 shows while-loop behavior of FIFO
handshaking between modulator and channel. Table 4.14 shows the while-loop behavior
for checking dma_done.

As shown in Table 4.9, there are eight columns. The most right column shows the
corresponding piecewise part in the pipelining-512 channel program. The middle six
columns used for the three versions of 251, 92, and 75 ms, where two columns per version:
one for 1st slot, another for other 29 slots. The most left column used for index stating
with ¢m including tm1 to tm43. The rows between ¢m1 and tm43 is processing one slot:

half slot between tm1 and tm22, another half slot between tm23 and tm43.
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We summarizes several observations listed as below.
Normal verse strange while-looping wait time per ‘“add”

As discussed previously, we use uclock command to profile time-consumption, and we
insert an accumulated adder inside the while-loop to count how many times the while-
loop to be testing. Here, we the “add” as units meaning one testing happens per “add”.
The data starting with the “/” means that the data is belonging to "how many times while-
loop” in “add” unit; otherwise, it is time-consumption in us unit. We check many data of
“us/add” form. In general, it is ranging between 0.4 and 0.6 ps/add for normal case. That
is, a while-loop test takes about 0.5 us one times in average. However, it is not reasonable
for enough long time us per zero count “add”. For example, such as 17/0 (or 35/0) hints
that it is impossible to take 17 (or 35) usbut:de nothing for a while-loop test. But, such

as 1/0 (or 2/0) is usually normal due to useésolution of "uclock” command.
Scramble code generation and 1st slot handshaking-wait

As shown in tm4 with “/add”, there are 28973 /70846, 29958 /70867, and 29951 /70854
for 251, 92, 75 ms versions, respectively. It is about 0.4 us/add, that is, it is belonging to
the while-looping wait time itself. As observed previously, the scramble code generation

takes around 30 ms. We know that it results in the first slot handshaking wait only.
Long-time while-loop of ““/0 add” is usually after commands starting with ’dma”

For example, the while-loop of the 35/0 in row ¢m4/add is after the “dma_copy _mem”,
the while-loop of the 20/0 in row ¢m6 is after the “dma_port_to_mem”. Similarly, the 34/0
in tm26 and 20/0 in tm28 as shown in Table 4.9; The 17/0 in at4 and at12 in Table 4.10

and 4.11.
Fast DSP wait slow DSP for FIFO handshaking status

As shown in Table 4.12, there are long waiting time for 251065 us version due to 33-

tap receiver. For 91815 ps version, it almost vanish except for at10[3]. It is because this
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version use 9-tap receiver but still sequential structure. Therefore, it also vanish for 75031

s because the 9-tap receiver changed to pipelining.

4.4 Zoom in DMA Library

After observation previously, we know that there is correlation between some unex-
pected time-consumption and the DMA transfer commands. In this section, we pay at-
tention to see II support library, including “dma_mem_to_port”, “dma_port_to_mem”, and
“dma_copy_mem”.

As shown in Fig. 4.9, the source code of these three functions are almost same. A
key difference is the different setting values located at the “dma—control.primary”. The
primary control register controls the main operation of the DMA and contains 16-bit fields
[12]. Refer to [41] for the bit-field description. The bit 5 to 4 are “SRC DIR” field, used
for source address modification after element transfers. The bit 7 to 6 are “DST DIR”
field, used for destination address modification after-element transfers. The bit 24 is
“PRI” field, used for priority mode of DMA versus:CPU: PRI=0 for CPU priority, and
PRI=1 for DMA priority [41].

As shown in Fig. 4.9, these three DMA functions set 1 at the PRI. That is, DMA
priority is higher than CPU. In other words, CPU maybe waits for DMA done ready. It is

a more close hint for our finding the unexpected time-consumption.

4.5 Double Buffering Technique

Double buffering is a method of using dual buffers to achieve efficient one-way data
transmission between two processors or between a processor and a peripheral device.
Each buffer is a block of storage through which data transmit from one processor or
device to the other. The receiving processor reads the transmitted data from one buffer
while the sending processor simultaneously prepares the data for the next transmission in

the alternate buffer [35].
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Table 4.9: Observation on the Pipelining-512 Channel

us 251ms slot 92ms slot 75ms slot corresponding piecewise part

/add [0] [1~29] [0] [1~29] [0] [1~29] | in the pipelining-512 channel
tml 1 1 1 1 1 1 j=(slot*10240)%298801

tm2 1 1 1 1 1 1 dma_copy_mem(2,*,*,2560,0)
tm3 34 34 35 34 35 34 dma_copy_mem(3,*,*,2560,0)
tm4 | 28973 35 29958 35 29951 34 while(!(get_fifo link status(1...
/add | /70846 /0 /70867 /0 /70854 /0 /how many times while-loop
tmb 2 2 2 2 2 2 dma_port_to_mem(0,*,*,512,0)
tmb6 20 /0 20 /0 20/0 20 /0 20/0 20/0 | while(!(dma_done(0)&&...(3)...
tm7 | 17/36 | 17/36 | 17/36 | 17/36 | 16/36 | 17/36 | while(!(getfifo_link_status(1...
tm8 2 2 1 2 2 1 dma_port_to_mem(0,*,*,512,0)
tm9 20 20 21 20 20 21 for(i=0;i< 15;i++){...}
tm10 19 19 18 19 19 18 for(i=15;1<308;i++){...}
tml1l 9 9 9 9 9 9 for(i=308;i<512;i++){...}
tm12 1 1 2 1 1 2 for(i=512;1<527;i++){...}
tml13 1/0 1/0 1/0 1/0 1/0 1/0 while(!dma_done(0))...

tml4 | 2052 2894 1035 1112 536 536 for(p=3;p<=10;p=p+2){...}
tm15 313 313 1 1 1 2 while(!(get_fifo_link _status(2...
/add /749 /749 /0 /0 /0 /0 /how many times while-loop
tm16 2 2 2 2 2 1 dma_mem_to_port(1,*,*,512,0)
tm17 17 17 18 17 17 18 for(i=512;1<527;i++){...}
tml18 21 21 20 21 21 20 for(i=527;1<1024;i++){...}
tm19 1 1 1 1 1 1 for(i=1024;1<1039;i++){...}
tm20 1/0 1/0 2/2 22 1/2 272 while(!dma_done(1))...

tm21 336 336 1 1 2 1 while(!(get_fifo_link _status(2...
/add /805 /805 /0 10 /0 /0 /how many times while-loop
tm?22 2 2 2 2 2 2 dma_mem_to_port(1,*,*,512,0)
tm23 17 17 17 17 16 17 j=(slot*10240+5120)%298801
tm24 1 1 1 1 2 1 dma_copy_-mem(2,*,*,2560,0)
tm25 35 35 35 35 34 34 dma_copy _mem(3,*,*,2560,0)
tm26 | 34/0 34 /0 34 /0 34 /0 34 /0 34 /0 | while(!(getfifolink status(l...
tm27 2 2 1 2 2 2 dma_port_to_mem(0,*,*,512,0)
tm28 | 20/0 20 /0 21 /0 20 /0 21 /0 21/0 | while(!(dma_done(0)&&...(3)...
tm29 | 16/35 | 16/35 | 16/35 | 16/35 | 16/35 | 16/35 | while(!(getfifo_link status(l...
tm30 2 2 2 1 2 2 dma_port_to_mem(0,*,*,512,0)
tm31 20 20 20 21 20 20 for(i=0;i< 15;i++){...}

tm32 21 20 21 20 20 21 for(i=15;1<512;i++){...}
tm33 1 2 1 2 2 1 for(i=512;1<527;i++){...}
tm34 1/0 1/0 1/0 1/0 1/0 1/0 while(!dma_done(0))...

tm35 | 2815 2815 535 536 536 536 for(p=13;p<=20;p=p+2){...}
tm36 299 299 1 1 2 1 while(!(getfifo_link _status(2...
/add /714 /7114 /0 /0 /0 /0 /how many times while-loop
tm37 2 2 2 2 2 2 dma_mem_to_port(1,*,*,512,0)
tm38 17 17 17 17 17 17 for(i=512;1<527;i++){...}
tm39 20 20 20 20 20 21 for(i=527;i< 1024;i++){...}
tm40 1 1 2 2 1 1 for(i=1024;i<1039;i++){...}
tm4l 1/0 1/0 1/0 1/0 2/0 2/0 while(!dma_done(1))...

tm42 321 322 1 1 1 1 while(!(getfifo_link _status(2...
/add /770 /770 /0 /0 /0 /0 /how many times while-loop
tm43 18 18 18 18 18 18 dma_mem_to_port(1,*,*,512,1)
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Table 4.10:

Observation on the Pipelining-512 Channel tm14

s 2894 | 2894 | 2894 | 1112 | 1112 536 corresponding piecewise part in
/add [3] [5] [7,9] [3] [5,7,9] | [3.5,7,9] | Table 4.9 tm14: 2894,1112,536
atl 2 2 1 2 2 1 for(p=3;p<=10,p=p+2){

at2 176 1 313 1 1 1 while(!(getfifo_link _status(2...
/add | /418 /0 /748 /0 /0 /0 /how many times while-loop
at3 2 2 1 2 2 2 dma_mem_to_port(1,*,*,512,0)
atd | 17/0 | 17/0 | 17/0 | 17/0 | 17/0 17/0 while(!(get_fifo link status(1...
atb 1 1 2 1 2 2 dma_port_to_-mem(0,*,*,512,0)
at6 21 21 20 20 20 20 for(i=512;i<527;i++){...}

at? 20 20 21 21 20 20 for(i=527;1<1024;i++){...}

at8 2 2 1 1 2 1 for(i=1024;i1<1039;i++){...}
at9 1/0 1/0 | 1/0 2/0 2/0 2/0 while(!(dma_done(0)&&...(1)...
atl0 | 668 277 | 314 579 1 2 while(!(get_fifo link _status(2...
/add | /1603 | /659 | /751 | /1391 /0 /0 /how many times while-loop
atll 2 2 1 2 2 2 dma_mem_to_port(1,*,*,512,0)
atl2 | 17/0 | 16/0 | 17/0 | 17/0 | 17/0 17/0 while(!(get_fifo link status(1...
atl3 2 2 2 1 2 2 dma_port_to_-mem(0,*,*,512,0)
atld 20 20 20 22 20 20 for(i=0;i<15;i++){...}
atlh 21 21 20 20 20 20 for(i=15;1<512;i++){...}
atl6 1 1 2 2 2 1 for(i=512;1<527;i++){...}
atl7 | 1/0 2/0 1/0 1/0 1/0 1/0 while(!(dma_done(0)&&...(1)...

Table 4.11: Observation.on the Pipelining-512 Channel tm35

us | 2815 2815 535 536 corresponding piecewise part in
fadd | [13] | [15,17,19] | [13,15,17,19] | [13,15,17,19] | Table 4.9 tm35: 2815,535,536
atl 1 1 1 1 for(p=13;p<=20,p=p+2){

at2 205 299 1 2 while(!(getfifo_link _status(2...
/add | /487 /714 /0 /0 /how many times while-loop
at3 2 1 2 2 dma_mem_to_port(1,*,%,512,0)
atd | 16/0 17 /0 17 /0 17 /0 while(!(get_fifo_link _status(1...
atd 2 2 2 2 dma_port_to_mem(0,*,*,512,0)
at6 21 20 20 20 for(i=512;i<527;i++){...}

at’ 20 21 20 20 for(i=527;1<1024;i++){...}

at8 2 1 2 2 for(i=1024;i<1039;i++){...}
at9 1/0 2/0 1/0 2/0 while(!(dma_done(0)&&...(1)...
at1l0 | 300 299 2 1 while(!(getfifo_link _status(2...
/add | /717 /715 /0 /0 /how many times while-loop
atll 2 2 2 2 dma_mem_to_port(1,*,*,512,0)
atl2 | 17/0 17/0 17/0 17 /0 while(!(get_fifo_link _status(1...
atl3 1 1 2 2 dma_port_to_mem(0,*,*,512,0)
atld | 21 21 20 20 for(i=0;i<15;i++){...}
atlb | 20 20 21 20 for(i=15;1<512;i++){...}
atl6 2 1 1 1 for(i=512;i<527;i++){...}
atl? | 1/0 2/0 2/0 2/0 while(!(dma_done(0)&&...(1)...
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Table 4.12: Observation on the “while(!(get_fifo_link status(2)&Tx _FIFO_EMPTY))”

| pis / add | 251065 ps | 91815 ps | 75031 ps |
tm15[0~29] 314 /749 1/0 1/0
tm21[0~29] 336 /805 1/0 1/0
tm36[0~29] 299 /714 1/0 1/0
tm42[0~29] 322/770 1/0 1/0
at2[3] 176 /418 1/0 1/0
at2[5] 1/0 1/0 1/0
at2[7,9] 313 /748 1/0 1/0
at2[13] 205/ 487 1/0 1/0
at2[15,17,19] 299 /714 1/0 2/0
at10[3] 668 /1603 | 579/1392 | 2/0
at10[5] 2771659 1/0 2/0
at10[7,9] 314 /751 1/0 2/0
at10[13,15,17,19] | 300/716 2/0 1/0

Table 4.13: Observation on the “while(!(get_fifo.link status(1)&Rx _FIFO_FULL))”

| ps/add | 251065pus | 91815us | 75031 pus |
tmA[0] 289737-70846-| 29958 / 70867 | 29951 / 70854
tmA[1~29] 35/0 35/0 34/0
tm7[0~29] 17/36 17/36 17/36
tm26[0~29] 34/0 34/0 34/0
tm29[0~29] 16/35 16/35 16/35
at4[3,5,7,9,13,15,17,19] 17/0 17/0 17/0
at12[3,5,7,9,13,15,17,19] 17/0 17/0 17/0

Table 4.14: Observation on Commands Starting with “while!(dma_done’

9

| pus / add | 251065 ps | 91815 pus | 75031 ps |
tm6[0~29] 20/0 20/0 20/0
tm13[0~29] 1/0 1/0 1/0
tm20[0~29] 1/0 2/2 2/2
tm28[0~29] 20/0 20/0 21/0
tm34[0~29] 1/0 1/0 1/0
tm41[0~29] 1/0 1/0 2/0
at9[3,5,7,9,13,15,17,19] 1/0 2/0 2/0
at17(3,5,7.9,13,1517,19]1 | 2/0 1/0 1/0
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_ INLINE void ~dma mem to_port" (int channel, int* src, int* dest, int count, int block)
dma port_to_mem

DST SRC
dma_copy_mem DIR DIR
{ .[00{101 pogo
Dma* dma = DmaBase[channel]; a1 llbobooa
DmaCounter shadowcount; o101 loaoo
bit7~6, S~4 —
dma-=control.primary = ¢ 0x010000 iO; \\\‘}f for dma _mem_to port
{ 0x01000040; /f for dma,_port_to_mem
0x010000350; /f for dma_copy mem
B
dma-=control.secondary = 0; priority mode
dma->source = (int)src; ppp { 0 CPU priority
dma->=destination = {int)dest; 1: DMA priority

shadowcount.reg frame = 1;
shadowcount.reg.element = count;
dma-=count = shadowcount. word;

// Start data move
dma-=control.primary |= 1;

{/{ It blocking active, wait for complete

if (block)
while {(!dma done{channel))

»

Fig. 4.9: Zoom in II supported DMA library.
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4.5.1 Data Transfer Flow

Much description given in this subsection is taken from [34] and [36]. This subsection
describes the data transfer flow through FIFO using two blocks.

Much high-speed data converters cannot be connected directly to a digital signal pro-
cessor (DSP). The required transfer rates would tie up to most of the DSP’s I/O bandwidth
(refer to [36] for bandwidth calculation). A FIFO is one of solutions for this problem be-
cause it can buffer a large block of data, and the DSP can read data from the FIFO in a
burst mode. This is more efficient compared to single reads for every sampled value.

Depending on the application, there are numerous possibilities for software control. In
most applications, different data blocks are used; one or more blocks for CPU to work on,
and other blocks that are used for the data transfer between the EDMA/DMA controller
and the FIFOs.

It is possible for the TMS320C6x 'DSP to read in ene data block from the FIFO and
to write out another block in the'same 'time frame. In this case, the DMA would auto-
matically switch between the two transfer channels” But, this causes delays every time
the EMIF switches from input to output mode. Therefore, for best performance, only one
block transfer (read or write) should be active.

Debugging a DSP system with FIFOs is not an easy work, especially if DSP is halted
for emulation. Fig. 4.10 shows an example of a simple data-transfer method for an appli-
cation in which the ADC and DAC run at the same clock speed. Only two data blocks are

used in this example, data block A and data block B [34].

4.5.2 Memory Constraints

Much description given in this subsection is taken from [8] and [44]. This subsection de-
scribes a key point for so-called “different data blocks” to avoid performance degradation.
As shown in Fig. 4.11 [44], internal memory is arranged through various banks of

memory so that loads and stores can occur simultaneously. Since each bank of memory is
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CPU DMA - FIFO FIFO «— DC
7 ADC FIFO
reads data
block A1
from ADC
1
DMA reads data block A1 ADC FIFO
from ADC FIFO reads data
block B1
CPU working on [ from ADC
data block A1
%
3 DMA reads data block B1 ADC FIFO
from ADC FIFO reads data
block A2
P
CPU working on DMA writes data block A1 from ADC
data block B1 out to DAC FIFO
r’
VA7) |oacFiFo
DMA reads data block A2 "d'““*:l A1 ADC FIFO
from ADC FIFO ata bloc reads data
7777777777 1o/ DAG block B2
CPU working on DMA writes data block B1 from ADC
data block A2 out to DAC FIFO
Y
/A [oackiFo
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writes
data block A2
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Fig. 4.10: Software flow in a simple application (from [34]).
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single-ported, only one access to each bank is performed per cycle. Two memory accesses
per cycle can be performed if they do not access the same bank of memory. If multiple
accesses are performed to the same bank of memory (within the same space), the pipeline
will stall. This causes additional cycles for execution to complete [8].

The 64 Kbytes of data memory of the *C6x is organized into two blocks of 32 Kbytes:
the TMS320C6701 have eight banks per block, and the TMS320C6201 have four banks
per block [44]. Therefore, in order to upgrade performance, we need to set separate
memory blocks between CPU and DMA, and separate memory banks between CPU 2
sides (side A and B).

The so-called “different data blocks” need to be arranged into to separate memory
blocks. For example, in the linker command file (.cmd) of the existing simulator and
other structures observed previously,swe assign both dual buffers located into the “.my”
memory space. It is an improper assignment for. double buffering. It answers why the un-
expected time-consumption happens. Therefore, we split “.my” into “.my0” and “.my1”
for different 32-Kbytes blocks separately: Then, after.we apply correctly dual buffers into

“.my0” and “.my1”, respectively, the pipelining'between CPU and DMA reach really.

4.5.3 DMA Channels

In previous subsection, we reach pipelining between CPU and DMA after corrected mem-
ory arrangement for dual buffers. There are four independent DMA channels for TT DSP
chip ’C6201 or ’C6701. Furthermore, in this subsection, we want to pipeline these four
channels. However, only one timing-sharing DMA bus exists. A simple code and ven-
dor’s email reply show that these DMA channels could not move data simultaneously. We
explain the simple code as below, and append the email in the appendix.
After zoom in II’s library of dma_port_to_mem, dma_mem_to_port, and dma_copy _mem,

we understand they use the same transfer mechanism, just different sources and destina-

tions. The dma_port_to_mem and dma_mem_to_port do DMA transfer via FIFO buffer be-
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Fig. 4.11: *C6x data memory controller interconnect to memory banks (from [44]).
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#include <stdio b=
#include "periph h"
#include "noze h"

shott noise real[3120];

memory blockd

shott notse_1m[5120],

B rapma DATA_SECTION(noise_reaI
o DATA_SECTI@N(noise_im

unsigned int t0,t1,t2,t3 t4 15 t6 wtest; memory blockl

void mami){
clrscr();
enable interrupts();
enable clock(l;

tl=uclock(};

dima copy_ mem(0,(int Fnoisereal, (int *}noise_real,256

t1=uclock(y, with blocking

2818

28us < dma_copy_mem(]1,(int *)noiseim, {int *)noise_im, 2 56

t2=uclock(); I DMA channel O |

lus < dma_u:opj,r_mant *noisereal, (int *}nois&_raal,256
t3=uclock(); without blocking

Z25us < dma_u:opy_mer@int *Fnoiseim, (int *noise_im,2 560
td=uclock; | D& channel 1 |

Ous < wiest=0: ~| CPU computing |
to=uclock();

27us < while(l (dma_done(0)& &dma_done(1))) wiest=wiest+1;

té=uclock();

} \_/7 vwtest still O after finish

Fig. 4.12: A simple code showing that DMA channels could not move data simultane-
ously.
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tween two processors. On the other hand, dma_copy _mem does DMA movement directly
from external to internal memory on single processor. In other words, dma_copy _mem
does not need to go through FIFO buffer. Here, we want to avoid FIFO that may confuse
our observation; we just want to check DMA to see if we set two channels at two separate
memory blocks, then whether DMA channels move at the same time or not. Therefore,
it is simpler to observe DMA by dma_copy_mem in the simple code on single processor
than dma_port_to_mem or dma_mem_to_port between processors.

In the source code of dma_copy_mem, there is a while loop in the last line to monitor
whether dma_done is ready or not. If we set 1 for blocking, then this while loop blocks
next command until DMA is done, which is the sequential running style. If we set O
for non-blocking, then it skips the blocking of dma_done-related while loop to execute
immediately next command. If resource confliction does not happen, then it is possible
to pipeline by insert some code between non-blocking dma_copy_mem and dma_done-
related while loop.

In the simple code, we set 1 for blocking in the first and second dma_copy_mem,
so it is about 28 us to move by DMA channel 0 and 1 respectively. So, we set O for
non-blocking in the third and fourth dma_copy_mem. Then we know that channel 1 does
DMA move sequentially after channel 0. Even separate memory blocks are set for two
channels respectively, the simple code shows that DMA channels could not move data
simultaneously.

For the third dma_copy_mem, the 1 us between t2 and t3 is due to non-blocking mode.
DMA start movement after informing CPU, and then CPU proceeds immediately to the
next command. Note that both the DMA channel 0 movements is on-going and CPU
is running. The 28 us between t3 and t4 means that the fourth dma_copy_mem delays
this 28 s to execute DMA channel 1 after the DMA channel 0 movement from third
dma_copy_mem until around t4. The O us between t4 and t5 means that CPU finishes the

initial setting of wtest fast and the DMA is ongoing in background until finish. Both the
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Table 4.15: Improved Actual Performance

Modulation Matched Run Time | Memory
& Channel Filter per Slot | Amount
Original Version Sequential-10240 9-tap 2637 us 10240
(the Existing Simulator) | (a slot each time) | Sequential-512 | (3.96x666) | samples
Proposal Version Pipelining-512 9-tap 1170 ps 1024
(Run on the Quatro67) Pipelining-512 | (1.75x666) | samples
Proposal Version Pipelining-512 9-tap 940 ps 1024
(Run on the Quatro62) Pipelining-512 | (1.41x666) | samples

wtest still zero after finish and the 27 us between t5 and t6 means that this 27 us primarily

comes from this while loop stalling for about 27 ps until DMA channel 1 is done.

4.6 Summary

In a system of multiprocessors, DSP program development may become very complex.
Because we not only need to codé program for individudl DSPs respectively, but also need
to consider data transmission and handshaking among closely coupling multiprocessors.
Unexpected behaviors arose in the actual performance of our initial multiprocessor im-
plementation. Two key factors resulted in the extra run time; one is waiting for FIFO
handshaking status to get ready, and the other is waiting for conflicting DSP resources
to be released, such as same memory bank bus or only one DMA bus. Double buffering
scheme could efficiently achieve that one block memory is used in computing while an-
other block is used for data move by one time-sharing DMA bus. As shown in Table 4.15,
the actual run time per slot became 940 us, which improved about 86.1% toward 666 s
of real-time criterion from 2637 us of original version. In addition, the memory used
amount reduced about 90%, to compare original 10240 samples with proposal dual 512

samples.
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Chapter 5
Fixed-Point Arithmetic on TMS320C62

5.1 Overview

This chapter is concerned with identifying efficient digital algorithms for the generation
of elementary functions including sine, cosine, natural logarithm and square-rooting, with
a goal towards their suitability for fixed-point.DSP implementation, to serve as the genera-
tion of channel coefficients and Gaussian noise-discussed in chapter 2. The problem arises
because we want to port our channel simulator-to-fixed-point DSP board, but these four el-
ementary functions, in fixed-point arithmetic, are not available yet in TI TMS320C6x or II
Quatro6x library. We consider using CORDIC (COordinate Rotation DIgital Computer)
and CCM (Convergence Computation Method) algorithms to effect these four elementary

functions in integer arithmetic on a fixed-point TI DSP TMS320C6201.

5.2 Methods of Channel Model Generation

The existing simulator [32] almost finishes fixed-point implementation, except generation
of channel coefficients and Gaussian noise, for lack of efficient fixed-point library. In this

section, we discuss briefly several methods for channel coefficients and noise generation.

5.2.1 Fading Channel Coefficients

Tsai [32] point out the performance of the fading channel is not so good because the pro-

grams have to call mathematic functions to generate channel coefficients. Therefore, we

66



need to employ efficient cosine and sine functions for improving fading channel perfor-
mance.

A number of different models have been proposed for the simulation of Rayleigh fad-
ing channels over the past decades. Generally, these models can be classified as either
being statistical or deterministic [22]. One is Doppler filtering complex Gaussian vari-
ables [14]; another is Jakes’ model or its modification. The classical Jakes’ model is
a deterministic method to approximate fading channel, which has been widely used for
about three decades because of its simplicity. However, the signal generated by the classi-
cal Jakes’ simulator is not wide-sense stationary (WSS). Pop and Beaulieu [30] proposed
a WSS simulator by introducing random phase shifts in the low-frequency oscillators to
remove the stationary problem, but some problems with higher-order statistics remain. A
WSS Jakes’ model with more correct statistical properties proposed by Zheng and Xiao
in [48] reintroduces the randomngss to the path gain, the Doppler frequency, and the ini-
tial phase of the sinusoids. In [47], the authors analyze the statistical properties of the
improved Jakes’ simulator proposed by L1 and Huang [22], which can generate multiple
independent Rayleigh faders easily butneed random phases. The point is that the Jakes’
model requires efficient sine and cosine functions, besides, the other methods above also

require an efficient random number generation.

5.2.2 Gaussian Random Number

Gaussian random number generators are employed to simulate the fading phenomena and
additive white Gaussian noise of the radio channel. High speed Gaussian random number
generators are most important components for the real-time channel simulation of the
CDMA systems, because of channel’s wideband nature [5].

In general, two kinds of methods used to compute Gaussian noise. One is via the
central limit theorem; another is the Box-Muller method or the polar method. The Box-

Muller method generates Gaussian noise by mapping two uniform distribution random
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sequences using four elementary functions including sine, cosine, logarithm, and square
rooting [21]. The polar method does the same mapping operation in alternative formula
form without sine and cosine functions [31]. The central limit theorem requires enough
samples size to form Gaussian distribution. A technique of the probability density con-
version (PDC) before addition [5] omit some of the input random numbers and adders.

The sum-of-12 method [20] compromises 12 samples between speed and accuracy.

5.3 Introduction to CORDIC and CCM

In this section, we describe the basic theory of CORDIC (COordinate Rotation DIgital
Computer) and CCM (Convergence Computation Method). They are both iterative tech-
niques, which are alike in some way. The generalized convergence computation method
[4] generalizes Chen’s CCM [10] to- multidimensional quantities, resulting in a unified
algorithm for elementary function generation' of which CORDIC and CCM are special

cases.

5.3.1 The CORDIC Method

The following introduction to CORDIC is largely taken from [6], [17], [27], [28], [29],
[25], and [16]. CORDIC is an iterative algorithm invented by Volder [45] and refined by
Walther [46]. As shown in Table 5.1, the functions that can be evaluated using CORDIC
are trigonometric functions (sin, cos, tan), inverse trigonometric functions (sin™!, cos™1,
tan~!), hyperbolic functions (sinh, cosh, tanh), inverse hyperbolic functions (sinh ™,

cosh™, tanh_l), exponent, natural logarithm, square-rooting, multiplication, division,

and vector magnitude. The CORDIC algorithm has found a wide range of applications.
Weighted sum of rotation angles

The basic concept of the CORDIC computation is to decompose the desired rotation angle
into the weighted sum of a set of predefined elementary rotation angles such that the

rotation through each of them can be accomplished with simple shift-and-add operations.
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Table 5.1: Summary of Generalized CORDIC Algorithms [27]

Rotation mode: d; = sign(z(i}) Vectoring mode: d; = — sign(x/)yi)
z 5 0 _-,;{f! — 0
x—.-SI—.—K{xcuszwysinz} X+S+K\I'J(E+y2
p=1 |y E — K(ycos z+ xsinz) |y—» E+ﬂ
; i |
Circular | ;_gp! ¢ |- 0 z—p| C | z+tan'(yix)
el = | Forcos & sin, set x=1/K, y=0 Fortan™',setx=1,z=0
tan-12-/ ~ [+ 2
tan z=sin 2/ cos z cos~'w = tan~1[V1 jﬂ”]
sin~w=tan—"[w/ \1 - w2 ]
X = 8 - X X — 8 — X
Iil_=ﬂ y+g+y+xz y—» E—Pﬂ
inear | [
z—p|C | O Z—p|CHP 2+ yix
et"] :2“‘I e
For multiplication, set y =0 For division, set z=0
X 8 K'(x cosh z— ysinh 2}| x —» g - K Vx2 - )2
— e [?, K'(ycosh z+ xsinh 2)| y = 3 —» 0
ryperbolic| ,_g| G 0 z—p| C | 7+ tanh-1(y/x)
e) = | For cosh & sinh, set x=1/K', y=0| For tanh™, set x=1, z=0
tanh-12"/ _ In w=2tanh=" [(w—1)/{w + 1)|
bk el D= N (w+ 142 —(w— 1P
o Al hvw cosh™'w=in(w+ V1 -w?)
.y sinh™' w=In(w+ V1 + w?)
In executing the iterations for u =—1, steps 4, 13,40, 121, .../, 3/+1,. ..
must be repeated. These repetitions are incorporated in the constant K' below.

x 1+1) = ) _ pd;(2-iyih) ue {-1,0 1}, de {-1,1)
y i) = i 4 d; (2~ ) K = 1.646 760 258 121 . . .
2+ =z - djel K'= 0.828 1593609602 . . .
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The angle of rotation 6 is approximated by the sum of the NV elementary rotations as

N-1
0 ~ Z de(i),
i=0

where N is the number of rotations, e(7) is the predefined elementary rotation angle of the
ith rotation, and d; is a sequence of +-1s which determines the direction of the remaining

angle.
Unified CORDIC iteration equations

Walther [46] summarizes the algorithm using a set of unified CORDIC iteration equations

as

{ z(i+1) ] _ { 1 —pud; 27510 ] { (i) } 7

y(i+1) d; 275 w0) 1

(i W) ="2(1) = e (p, 1),

where x (i) and y(7) are the « and.y components.of the interested vector, z(7) is the residue
rotation angle, and the constants i, d;,.¢(st4), and S (g i) depend on the specific compu-

tation being performed, as explained below.
Coordinate system parameter

The coordinate system parameter p is either 1, 0, or —1 corresponds to, respectively,
the rotation operation in a circular coordinate system, a linear coordinate system, and a
hyperbolic coordinate system. ;¢ = 1 is used for trigonometric and inverse trigonometric
fuctions, p© = 0 is used for multiplication and division, and ;© = —1 is used for hyperbolic,

inverse hyperbolic, expontential and logarithmic functions, as well as square roots.
Modes of operations

In the algorithm equations, an auxiliary variable z(7) serves the purpose of accumulating
the step angles and determining the sign of the next step rotation. The rotations of the

CORDIC algorithm are usually carried out in two modes, called rotation and vectoring.
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In the rotation mode, which is also known as the forward rotation mode, the input
vector is rotated by a given angle 6, the angle accumulator z(i) is initialized with the
rotation angle and rotation at each iteration is aimed at making the angle accumulator
converge towards zero. The objective is to compute the final coordinate.

In the vectoring mode, which is also known as the Y -reduction mode, or the backward
rotation mode, the desired angle 6 is not given. The input vector is rotated to the x-axis
through whatever angle is necessary to align the result vector with the z-axis. The result

is a rotation angle and the scaled magnitude of the original vector.
Rotation direction parameter

The rotation direction parameter d; requires only a comparison. It is one of the following

two signum functions:

sgn(z(7)), for12(i):— 0 in rotation mode,
di -
—sgn(z(1)y(i)), for (i) — 0 - in vectoring mode,
where sgn(z) = +1 for x > 0 and'sgn(#) =-=1for " < 0. The elementary rotations can

be positive or negative depending on the'direction of rotation, denoted by d; € {—1,1}.
Elementary rotation angle

The ith elementary rotation angle e(y, 7), which is extended from e(i), is given by con-
stants stored in a lookup table which depend on the value of p. It is an acrtangent, a power
of two, or a hyperbolic arctangent, for i = 1, 0, or —1 correspondingly:

tan=t 27900 =1,
e(p,i) = % tan [ /p2 5] = { 275040, pw— 0,
tanh™' 291D = 1.
Scale factor

The normof avector [ = y |' in these three coordinate systems are defined as /22 + uy?.

For y1 = 0, the rotation has a unity gain, so no scaling operation is needed. For 1 # 0, the
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rotation changes the norm of the vector. The scale factor /£, (V) is given by

N1 [, Vi+4d~ =K, p=1,
K, (N) = T /1 + pdz2-2sd =
=0 [T VI-47501 =K' p= -1,

where K is an expansion factor and K’ is a shrinkage factor. For N > 4, K ~ 1.64676
and K’ ~ 0.82816. The factor /,(/N) is dependent on the total number of iterations XV,
the shift sequence S(u,4) and a function of d;. Once a shift sequence S(y, ) is decided
and fixed with d; € {—1,1}, K,(IN) is constant which can be pre-calculated. For ap-
plications where unity-gain rotation is required, normalization using a multiplication by
1/K,(N) imposes a computation overhead. As long as the total count of rotations /N
is fixed, making the norm of initial coordinate exactly a constant 1/K,(NN), the rotation

produces the unscaled operation for final coordinate.
Shift sequence

S(p, 1) is a non-decreasing integer shift sequence which'is usually determined in advance.
The shift sequence determines the magnitude of scaling factor K,,(V), as well as the con-
vergence of the CORDIC iteration. For =1 0or 0, {S(p,7) =,0 <i < N—1}. For hy-
perbolic CORDIC iterations with 1 = —1, ensuring convergence is a bit more tricky, since
whereas tan~! (2701 > 0.5 tan"'(27%), the corresponding relation for tanh, namely,
tanh ™ (270+1)) > 0.5tanh™"(277), does not hold in general [27]. It has been shown [46]
that it is sufficient to repeat those iterations whose index ¢ = 4,13,40,---,45,35+1,---. It
is also an available shift sequence to repeat i = 4,7,11, 14, 16, 18, - - - for approximating

hyperbolic arguments [29].
Convergence range

The CORDIC equations impose a limited domain upon the arguments for the evaluated
mathematical functions. That is, the given rotation angle 6 must not exceed the conver-

gence range of the iteration, 6,,,,, which is given by the sum of all rotation angles plus
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the final angle as

1.7433 (99.9°), p =1,
0 < e(p, i) + e, N = 1) = Oppar >~ ¢ 1, pu=0,
1.1182, p=—1.

CORDIC can evaluate e* only for z-values between 0.0 and 1.2364, and In(x) only for
x-values between 1.0 and 9.5149. Expanding the range of convergence of CORDIC is
discussed in [16].

Precision

CORDIC is a digit-by-digit computation algorithm. It has the characteristic of linear

convergence. That is, if we want to obtain n bit precision, then we need n iterations.
Unified CORDIC summary

Table 5.1 provides a summary of CORDIC. It also contains formulas for indirectly com-
puting some other functions. For example,-the tan function can be computed by first
computing sin and cos and then perform:a division, perhaps through another set of linear

CORDIC iterations [27].

5.3.2 Convergence Computation Method

The following introduction to CCM is largely taken from [4], [9], and [15]. The con-
vergence computation method (CCM) developed by Chen [10] is an algorithm that suc-
cessively converges to the desired results. CCM computes exponential, logarithmic, and
inverse square root functions, which are not directly available in the CORDIC algorithm.

Suppose that we wish to evaluate a function

20 = f@)z:xo = f(ffo)-

We introduce an auxiliary variable y to form the convergence function F'(z, y) that satis-

fies the following three properties:
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@ o2
F(x.y)=z
Fo'yo'zo) Po”o'yo'zo)
z=f(x)

0.y _.0)
K o {xo.yo.O)

— x

Fig. 5.1: A geometric interpretation of CCM (from [4]).

1. There exists a known initial value y = yo such'that zo = F'(z0, yo)-

2. There exists a convenient transformation of (zy,yx) into (ki 1, yr+1) such that

F(%k41, Yrs1) is invariant for all £ > 0.

3. A known destination value, x,,, is reached through the sequence of x-transformations

such that the resulting y-transformations convergence to y,, = F'(Zy, Yw) = 20
The transformation rule involves selecting a pair of functions ¢ and ¢/ such that

Ti41 = Sp(xlﬁ yk>7

Y1 = (T, Yi)-
Fig. 5.1 provides a a geometric interpretation of CCM. The function F'(z,y) is con-
strained to lie in the plane z = z, of a three-dimensional cube which has a vertex at

Py = (%0,%0,20). The invariance of F'(x,y) implies that at each iteration, the point
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Py = (xk, Yk, 2x) lies on the curve F'(z,y), i.e.,

20 = F(zo,90) = F(zg,yk) = - = F(Tw, Yu) = Yu-

Furthermore, the curve F'(x,y) must pass through the point ) = (x,,, Y., 20) as a conse-
quence of the third condition.

The CCM can be readily understood by an example. Consider the computation of the
exponential function f(z) = we”. Define the convergence function to be F'(x,y) = ye”
with initial value yo = w and destination x,, = 0. We see that zy = F(xq,0) as is
required by condition 1. Next choose the transformations:

Trr1 = o(Tk, Yk) = 21 — Inay,

Ykt1 = V(T Yk) = Y.

Now F'(z,y) is clearly invariant since

F(Thy1, Yes1) = apype 00 = yre®™ = F (x4, yp).-

Finally, when z — 0, > In a;, —7%o, dnd thus

X
ywHyOHakszak:weo-

The CCM algorithms for exponential and logarithm are as follows [15].

1. Exponential (0 <z < In2):

Zp = wer’ = yye™®

= (yoag)e™ M0 =yem =...
= Yn€l = Yn + Ynht
Initialization: yy = w
Function: F(z,y) = ye”
Transformation: zp,1 = xx — Inay and yr11 = yrag
Termination: x,, = p and 2y >~ Y, + Yn b

Sequence: ar =1+27"

where m is the leading-1 bit position of the xj, value.
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2. Logarithm (172 < x <1):
Zo =w+Inxgy =yo+Inzg

=(yo—Inag) +Inzgay =y +Inzy =---
=Y+ In(l—p) ~y,—p

Initialization: yo = w

Function: F'(z,y) =y + Inxz

Transformation: xy 1 = xpax and Y1 = yr — Inay

Termination: 1 — x, = pand zp ~ y, —

Sequence: a; =1+ 27"

where m is the leading-1 bit position of the 1 — x;, value.

The choice of a; affects the algorithm conyergence. Chen advocates a = 1 + 27™
which guarantees convergence, where the quantity 7w is elaborated in [10]. Furthermore,
the multiplications by a; can be teplaced by shift-and-add kernels. In fact, x approaches
Z., but not exactly equal to x,,. That i8; Zm-=r@m+ i, Where 1 — 0 but p # 0. We need

k iterations to obtain k-bit precision:

5.4 Function Evaluation in Integer Arithmetic

For evaluation of sine, cosine, square-rooting and natural logarithm, we apply CORDIC
and CCM algorithms in integer arithmetic on a fixed-point TI DSP TMS320C6201. This

section presents the program development with aid of example.

5.4.1 Cosine and Sine by CORDIC
We follow CORDIC to develop a fixed-point program for calculation of sine and cosine.
CORDIC example for sine and cosine

Table 5.2 shows all the details of the simultaneous calculation of cos(70°) and sin(70°).

Each row of the table shows the values of z, x, y, and d; at the end of a computation cycle.
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Table 5.2: CORDIC Example for sin(70°) and cos(70°) [29]

T : [+ [ v a0 ]
0 | 70.00000000 | 0.60725294 | 0.00000000 | 1 | 45.00000000
1 | 25.00000000 | 0.60725294 | 0.60725294 | 1 | 26.56505118
2 | -1.56505118 | 0.30362647 | 0.91087940 | -1 | 14.03624347
3 | 1247119229 | 0.53134632 | 0.83497279 | 1 | 7.12501635
4 1
5 1

5.34617594 | 0.42697472 | 0.90139108 3.57633437
1.76984157 | 0.37063778 | 0.92807700 1.78991061

15 | -0.00264619 | 0.34197674 | 0.93970842 | -1 | 0.00174853
16 | -0.00089767 | 0.34200542 | 0.93969798 | NA NA

Each row of the table is produced by looking back at the previous row. Once the sign of
d; is set by the sign of the old value of z, all else follows. Except for e(7), each row of the

table replaces the previous row in the calculator memory [29].
CORDIC program for sine and-cosine

As shown in Fig. 5.2, the program is presented in circular CORDIC rototation mode. It
has been scaled by a factor, such ‘as 2% or other choices, to use only integers for sine
and cosine evaluation in fixed-point format. The sine of the desired angle is now present
in the variable y and the cosine of the desired angle is in the variable x. We assume a
16-step system, which will yield 16 bits of accuracy. We set a constant 5094007 at initial
x to omit the post-multiplication at final coordinate. This constant is pre-calculated by
1/K with 223 scale, where K = Hﬁ\:)l V1+4- ~ 1.646760258 for N = 16. We also
assume that tan~1(27%) have been calculated with scaling operation before run time and
stored at a 16 entry lookup table. In Fig. 5.2, we use radian unit with 2% scale to setup
the table, so we call the cordic routine by corresponding scaled radian unit. If we want to
call the routine in degree unit directly, just change content in the elementary angle table
e[16], and the desired angle theta by corresponding scaled degree value. Moreover, here

we also call TI’s cos and sin library of floating-point format for comparison later.
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#include =math. h=

int e[16]={ // table of elementary rotation angle: atan{2"1}) in rad #2723 scale
6588392, 3889355, 2055028, 1043164, 523606, 262058, 131061, 65535, 32768,
16384, 8192, 4096, 2048, 1024, 512, 256 };

int theta,x,y,z; // theta: desired angle, x,y: interested vector, z: residue angle

cordic{theta){ // circular CORDIC rotation mode for sin and cos in fixed-point

int dx,dy;

ungigned int i; /f index of i-th iteration

7= theta; /f set z to the desired angle #2723
x=5094007; /setxto 1/ 1.6467602... #2723
y=0; /1 get initial vector to lie in x-axis

for(i=0;i=16;i++}{ // computation of 16 iterations for 16-bit precision
di=x==1; /f x shifted right by 1 places to get x *2"-1 for this step
dy=y=>=1; /f v shifted right by 1 places to get v ¥27-1 for this step
if{z==0){ // decides if next rotation be clockwise or anticlockwise
=x-dy; /I compute x - y *27-1

y=y+dx; ! compute y + x #27-i

=z-¢e[i]; /f update the current angle
} else{ / rotation in opposite direction
=x+dy;
y=y-dx;
=zte[i]; }
h ¥
void main{void){
float ct,sf; /I two floating-point variables
cordic{10248609); /I call cordic of 1.2217294 rad with 223 scale
ct=cos(1.2217294), /f call cos of 1.2217294 rad in floating-point
sf=sin{1.2217294); /f call sin 0f 1.2217294 rad in floating-point

Fig. 5.2: CORDIC program for sine and cosine.
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5.4.2 Square Root and Logarithm by CORDIC

We follow the hyperbolic CORDIC vectoring mode to develop a fixed-point program for

evaluation of square root and natural logarithm.
CORDIC example for square root and natural logarithm

Table 5.3 shows the computation of tanh~'(1/3), which is initialized by setting z(0)=0,
x(0)=3, and y(0)=1. As y is driven toward 0, z is driven toward the answer of inverse
hyperbolic tangent. The d;==1 is chosen so that d;z(7) and (i) have opposite signs. This
drives y(i) toward 0. In the process, (i) is driven toward tanh " (y(0) /2(0)).

Our interest in the values of inverse hyperbolic tangent stems from its connection with
natural logarithms:

In(w),=22tanh™

i

w1

In particular, the calculation above shows that'2tanh ™ (1/3) = 22(24) = 0.69315262, a

good approximation to In(2)=0.69314718:~. This is how CORDIC evaluates logarithms.
The significance of the terminal value x(24) =+2.34231665 is K’ times the initial

value of 1/(0)2 — y(0)2, where K’ = H?:ol V1 —4-5C10 ~ 0.8281 for N = 24. This

is because the N-step folding process always magnifies the length of the initial segment

by a shrinkage factor of K. It is not hard to verify that by using the hyperbolic identities

as
(i) — y(i)*
[cosh™ (e(—1,4))]*
In other words, v/32 — 12 = /2(0)2 — y(0)2 = x(24)/K’ ~ 2.34231665/0.8281. This

z(i+1)2—yli+1)* =

is in fact how CORDIC evaluates square roots, as a byproduct of the calculation of inverse
hyperbolic tangents.

If the inverse hyperbolic tangent algorithm is applied to the seed values z(0) = w-+1/4
and y(0) = w — 1/4. Then \/w = x(N)/K’ , because £(0)*> — y(0)? = w. In constrast to
many of the other evaluations of elementary functions, it is interesting that this application

of CORDIC does require a postmultiplication by 1/K’ to complete [29].
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Table 5.3: CORDIC Example for tanh~'(1/3) [29]

i | 2 x y | di | S(=1,9) | e(—1,%)
0 | 0.00000000 | 3.00000000 | 1.00000000 | -1 1 0.54930614
1 [0.54930614 | 2.50000000 | -0.50000000 | 1 2 0.25541281
2 ]0.29389333 | 2.37500000 | 0.12500000 | -1 3 0.12565721
3 ] 0.41955055 | 2.35937500 | -0.17187500 | 1 4 0.06258157
4 10.35696898 | 2.34863281 | -0.02441406 | 1 4 0.06258157
5 10.29438740 | 2.34710693 | 0.12237549 | -1 5 0.03126018
6 | 0.32564758 | 2.34328270 | 0.04902840 | -1 6 0.01562627
7 10.34127385 | 2.34251663 | 0.01241460 | -1 7 0.00781266
8 |0.34908651 | 2.34241964 | -0.00588631- 1 7 0.00781266
9 8 0.00390627
10 9 0.00195315
11 10 | 0.00097656
12 | 034615669 | 2.34231751 [-0.00097652 | -1 11 [0.00048828
13 | 034664497 | 2.34231703 | .-0.00016719 1 11 ]0.00048828
14 12 0.00024414
15 | 0.34640083 | 2.34231671 | 0.00040466 | -1 13 [0.00012207
16 | 034652290 | 2.34231666 | 0.00011873 | -1 14 10.00006104
17 | 034658393 | 2.34231665 | -0.00002423 | 1 14 0.00006104
18 15 ]0.00003052
19 16 |0.00001526
20 16 |0.00001526
21 17 ] 0.00000763
22 18 ]0.00000381
23 | 0.34657249 | 2.34231665 | 0.00000258 | -1 18 | 0.00000381
24 ] 0.34657631 | 2.34231665 | -0.00000636 | NA | NA NA
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Table 5.4: CCM Example for Logarithm in Floating-Point [15]

x | 1 — 2 [bin.] | m | | In(ax) |y

0.785 0. 001- - - 3 [14+273 [0.117783 |0

0.883125 | 0. 0001- - - 4 | 1+27% 10.060625 | -0.117783
0.938320 | 0. 0000 1- - - 5 [ 14275 ]0.030772 | -0.178408
0.967643 | 0. 0000 1- - - 5 [ 14275 ]0.030772 | -0.209180
0.997882 | 0. 0000 0000 1- - - 9 |1+27Y 10.001951 | -0.239951
0.999831 | 0. 0000 0000 1- - - 13 [ 1+27110.000122 | -0.241902
0.999953 | 0. 0000 0000 0000 001- - - 15 | 1+27110.000031 | -0.242024
0.999983 | 0. 0000 0000 0000 0001--- | 16 | 1+ 2716 | 0.000015 | -0.242055
0.999999 | NA NA | NA NA -0.242070

CORDIC program for square root and natural logarithm

As shown in Fig. 5.3, the program is presented in hyperbolic CORDIC vectoring mode.
It has been scaled by a factor, such as.2%3 or othétchoices, to use only integers for inverse
hyperbolic tangent evaluation of fixed-point format. Here we assume a 24-step system,
which will yield 24 bits of accuracy. The natural logarithm of desired input w is presented
in the variable x. The square root-of desiredaw-is formed with scaling in the variable y.
This scaling is to do post-multiplication at final = by factor of 1/(2K"’), where 1/ K’ ~

1.20753406 is the product of hyperbolic cosine for 24 step, and the 2 combined with

this factor is due to \/(w + 1)2 — (w — 1)2 = 2,/w for more compatible input pair of
2 =w—1and y = w+ 1. Moreover, the tanh " (2-%(-19)) have been calculated with 223
scaling before run time and stored at a 24 entry lookup table. Note that the shift sequence

S(—1,4) is not the same as iteration index i; it is necessary to repeat at some iterations for

convergence.

5.4.3 Natural Logarithm by CCM

We follow the convergence computing method to develop a fixed-point program for eval-

uation of natural logarithm.
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#include <stdio.h=

#include <math. h>=
unsigned int sh[24]={1, 2, 3,4, 4, 5,6, 7, 7,8, 9,10, 11, 11,12, 13, 14, 14, 15, 16,
16,17, 18,18 }; /1 shift sequence to repeat some iterations

unsigned int eh[24]|={ 4607914, 2142558, 1054089, 524972, 524972, 262229,
131082, 65537, 63537, 32768, 16384, §192, 4096, 4096, 2048, 1024, 512, 512,

256, 128, 128, 64,32,32 }; // table of atanh(27-S{-1,i)} *(2"23)
int x,v,zdy,dx; M xy: interested vector, z: residue angle
vec hyp cordic(w){ /1 hyperbolic CORDIC vectoring mode
unsigned int i; /{ index of i-th iteration
z=0; /f z 1g initialized by setting 0
y={w-1}==23; /¥ 18 given from an 2723 scaled (w-1)
=(w+1)==23; /i x iz given trom an 223 scaled (w+1)
for(i=0;1=24;it++){ /f 24 iterations for 24-bit precision
dy=y==sh[i]; / y(i) #27-8(-1,1)
db=x==sh[1]; f x(1) #27-8(-1,1)
if{y=0){ A di{1)=+1
z=z-eh[i]; /i z{i+1)y=2(i}-di{i}e(- 1.1}
x=x+dy; A x(+1=x(H+didiy (i) #27-8(-1,1)
y=y+dx; Hy(iH =y (i HHdi()x (i) *#27-S(-1,1)
} else{ f difiy=1
z=z+eh[i];
=x-dy;
y=y-dx; }
} }
void main{void){
vec_hyp cordic(2); /fw=2 tfor In(2), atanh{1/3), and sqrt(2)

printf{"\nln{w)=2*atanh({(w-1)/(w+1)}=2*%d*(2"-23)",z);
printf{"\nsqri{w)=2od*(27-23)*%1.20753406%1/2" x); }

Fig. 5.3: CORDIC program for square root and natural logarithm.
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Table 5.5: CCM Example for Logarithm in Fixed-Point
| X | Xb [ m |[Xm [T(m)]|Y |

51446 | 149090 | 3 | 6431 | 7719 | O
57877 | 7659 4 13617 | 3973 | -7719
61494 | 4042 5 1922|2017 |-11692
63416 | 2120 5 | 1982|2017 |-13709
65398 138 9 | 128 | 128 -15726
65526 10 13 |8 8 -15854
65534 2 15 |2 2 -15862
65536 NA |NA|NA |NA -15864

CCM example for logarithm calculation

Table 5.4 shows the computation of In(0.785), which is initialized by setting xq = 0.785,
and yp = 0. As x is driven toward 1, y is driven the answer of natural logarithm. The
transformation rule involves ;1 = #ax and ypi-— yr — In ay, where In(ay) is a pre-
calculated look-up table, a;, = 1-£2_"", and m is the leading-1 bit position of the (1 — xy)

value shown in Table 5.4.
CCM program and example for logarithm in fixed-point

Table 5.5 shows the computation of In(0.785) in 16-bit fixed-point format, which is ini-
tialized by setting X = 0.785 x 216 = 51446, and Y = 0. As X is driven toward 216,
Y is driven the answer of natural logarithm with 2'¢ scale. The 2'-scaling (1 — ) is
216 — X, which is defined as X to find the leading-1 position m for a;, =1+2"™. The

transformation rule of ;1 = yx — In(ay) with 216 scale is
Yiy1 =Y —T(m),

where T'(m) = 2'° x In(ay) is a pre-calculated look-up table. For the transformation rule

of Xy,1 = Xyayg, the multiplications by a; can be replaced by shift-and-add kernels as

Xk+1 = Xkak = Xk(l + 2—m) = Xk + 2_ka = Xk + Xm,
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#include <stdio. h=
#include <=math.h>=
unsigned int T[16]={ 26573, 14624, 7719, 3973, 2017, 1016, 510, 256, 128, 64, 32, 16, 8, 4,

2,1} !/ In{ak) table with 2"16 scale, that is, [In{1+2"-m)]==<16
unsigned int X0,Y; {1 X0: desired for 20=f{x), Y: auxiliary variable for z0=F(x y)
cemln{ X0){ /Il Convergence Computation Method for In{ X0) in fixed-point
unsigned int X, Xb, Xm Wk,m; //
X=X0; /{ Set initial value of X at desired input X0 for In{ X0)
Y=0; /f Set Y=0 for z0=y-+In{X0)=1n{X0})
Xb=65536-X; /{ Xb is a 2716 scaled (1-x), that is, 2716-X
while(Xb=T[15]){ /{ looping if convergence not reach yet
W=1;
for(k=16;k=0;k--){
if{ Xb==W) m=k;
W=W==1;
Y for(k /{ got the leading-1 bit position m
Xm=X=>m; /i x*27-m=x=>m, stored as Xm
=XHXm; /f trangformation by xk*ak=x*{1+2"-m)=xH{x>>m)
Y=Y-T[m-1]; /f transformation by yk-In{ak) via lookup-table TJ[.]
Xb=63536-X;
H{ while(Xb
}/{ecmln

void main{void}{
unsigned int t0,t1,12,t3;
float z;
enable interrupts();
enable clock();

printf{"\nCCM for In"});

t0=uclock(};

cemin{31446);  /f/call CCM natural log of 0.785 with 2716 scale (integer 51446)
t1=uclock();

printf{"\nCCM.:%d*{2"-16),@%edus", Y ,t1-10);

t2=uclock(};
=log(0.785); Hcall TTI's natural log of 0.785 in floating-point

t3=uclock();
printf{"\nTL:%f, @%odus",z,t3-t2);  }//main

Fig. 5.4: CCM program for natural logarithm.
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Table 5.6: DSP Speed of CORDIC/CCM in Fixed-Point vs. TI Floating-Point Library

Function TT at *’C67 TT at °C62 CORDIC at ’C62 | CCM at *C62
sin 2pus~3 ps | 16 pus ~ 25 us ,
cOS 2pus~3us | 17 us ~ 28 us 4 s £ 100
In 2ps~3pus | 19 ps ~ 21 ps : 3 us/ 16 bit
sqrt 2us~3pus | 21 pus ~ 22 us 3 s 2ABl

where Xm = 27 X}, is belonging to shift operation. As shown in Fig. 5.4, the subroutine
ccmln is presented in CCM algorithm for natural logarithm in 16-bit fixed-point format.

Moreover, here we also call TT’s log library of floating-point format for comparison later.

5.5 Evaluation Results and Discussion

As developed in previous section, wegrapply CORDIC and CCM algorithms for function
evaluation of in integer arithmetic. In this section, we show their evaluation performance
on TI DSP chip with comparison to TI library. Then,*we briefly discuss with potential

optimization or variation in function evaluation.

5.5.1 DSP Performance of Function Evaluation

Table 5.6 shows DSP Speed of CORDIC and CCM in fixed-point arithmetic in compar-
ison with TT support library. As discussed previously, we apply CORDIC algorithm for
function evaluation of sine, cosine, natural logarithm and square rooting, and use CCM
algorithm as an aid in computation of natural logarithm. However, these four elemen-
tary functions provided by TI support library are belonging to floating-point format. It is
time-consuming to run floating-point format on fixed-point device. Our developed fixed-
point routine avoids the extra time. For example, T1 floating-point sin and cos take more
than two 16 us respectively on a TI's fixed-point DSP TMS320C6201, but our CORDIC
routine takes one 3 ys to finish the simultaneous calculation of both cosine and sine of

16-bit precision. Similar case also happens for evaluation of natural logarithm and square
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rooting. Therefore, it is possible to port our channel simulator on II’s fixed-point DSP
board Quatro62. Furthermore, these elementary functions are helpful for the generation

of channel model.

5.5.2 Discussion on Variations and Optimization

Our fixed-point CORDIC/CCM library is efficient enough to compare with TI floating-
point library. It provides one of efficient generation as porting to the fixed-point device.
However, it is not efficient enough with comparisons to DSP instructions of single cy-
cle style. Therefore, we need optimization or variation methods for speedup function
evaluation to serve as efficient generation of channel model.

There are several methods for evaluating elementary and other functions. For exam-
ple, in the book of computer arithmetic:[27], two.chapters are devoted to square-rooting
methods and table lookup, respectively; and two chapters to CORDIC, other convergence
methods, and approximation [21]. However, many methods require conditional break in
the loop. Unfortunately, the branching operation is not friendly for DSP resources. Be-
sides seeking efficient algorithms, we are considering to optimize coding styles, such as
loop unrolling, software pipelining, intrinsic operators or assembly language and so on
[43], [39], [37]. For example, we should not have any if-else condition statements in
the loop, otherwise, the loop is not software pipelined. Similar case happens in a time-

consuming routine of scramble code generation in the existing simulator.
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Chapter 6

Conclusion

The DSP is a programmable tool to achieve different functionalities. We wanted to im-
prove the previously developed wireless channel simulation system consisting of three
interconnected DSPs. We found ways of making the existing system work better.

Firstly, multiprocessor programs, without specifying the start-up order could not run
smoothly. We pointed out unlucKy style and tools compatibility, and then did migration
to a specified new platform. Therefore, the start-up problems went away.

Secondly, real-time performance degraded on the three connected DSPs. In order to
reduce latency, we proposed the pipelining-512 structure employing non-blocking mode
DMA and double buffering. We observed actual execution speed and pointed out time-
consuming factors, including waiting for conflicting resources or FIFO handshaking.
Then, for applying double buffering correctly, we paid attention to an improper mem-
ory management. Therefore, the three DSPs could efficiently achieve that one block used
for computing while another block used for moving by a timing-sharing DMA.

Thirdly, fixed-point generation of channel coefficients was not available yet. However,
vendor supported sine, cosine, logarithm, and square root functions belong to floating-
point. Applying CORDIC and CCM algorithms, we evaluated these four functions in
integer arithmetic, to serve as the generation of channel coefficients and Gaussian noise.

In conclusion, for efficient simulating wireless channel on multiprocessor platform,

we sought out several methods to improve hardware and software efficiently.
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Appendix A

Things to Note in DSP Implementation

This appendix is concerned with the Quator6x (Q6x) platform housing TMS320C6x
(’C6x) devices. It is important to take care of memory management again in DSP Imple-
mentation. Besides tools compatibility, unlucky coding styles usually involve the linker
command file (.cmd), memory map,(.map), or header file (.h). All with all embedded

systems, the command file is indiSpensable-for real time application [12].

A.1 Emails Concerning Two Problems in Using MPO and
CCS

“We face two issues that it’s happening in environment of II Q6x or TI DSP tools. There
are four kinds of environment as shown in row 1 to 2 of Table A.1. Old environment by II
2.75 or 2.70 CD with CCS1.2, and new environment by CCS2.0 and II 2.97 or 2.87 CD
in a clean PC of Win2000SP2. Any user application run by two methods: one is run *.out
in CCS conjunction with UniTerminal, another is *.out or *.mpo by UniTerminal without
CCS.

We already use Q6x example and simple summation to check setting of the four en-
vironments as shown in row 15 to 16 of Table A.1. My major application train includes
channel, modulation, and filter receiver as shown inrow 9 to 11 of the Table. However, my
application runs OK in CCS1.2 environment, but it face two issues in other environment.

For the issue 1, its .OUT or .MPO file could NOT run by UniTerminal without CCS1.2.
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After some analysis, it seems sensitive to 2 factors: one is .cinit to DRAM or SDRAM,
another is array size less or more than 500. As shown in row 6 to 7 of Table A.1, problem
repeated clearly during .cinit session. However, it’s OK for SDRAM as shown in row
3-both side and row 6-left side of the Table. Also see remark] in Fig. 3.7.

For the issue 2, it repeated internal error during compile phase in CCS2.0 environ-
ment. As shown in log file of my application, that is TP>> internal error: bad type:
TYPE::type_qualified(). As we known, many internal error of other kinds listed at bug
list in Website of T1. However, internal error exist but O error during compiling, and then
1 error during linking due to no *.asm file generated. Also see remark2 in Fig. 3.8.

To demo issue as similar as possible, some zip files attached in this email. As shown
in row 2 to 7 of Table A.1, the 5 simple codes provided to demo issue 1 of MPO or .cinit.
As shown in row 12 to 14 of the Table, we also'provide other 3 simple codes to demo
issue 2 of bad type internal error.*Finally, we:need my original application run smoothly
in the four environments. Hope this information will speed up your solution feedback as

soon as possible.”
Reply from TI teacher George Hsieh

“I’ve forward the question to product information center, but they’ve responsed with a
message saying that this problem has never occurred in their FAQ record. I would say,
if possible, I’ll probably grab the libraries from you, just to test build the project on my

machine, if the lib is not an issue for you. OK?”
Reply from techsprt@innovative-dsp.com

“You will have problems running in all the environments. Code Composer Studio has
changed a lot over time. Version 2 of the studio is completely different and version 2.2
is different again. the Latest version on our web site has everything for version 2.2 of
C.C.S. this will compile with no errors. You are facing two different approaches to com-

piler features. On compiler will take a ”volatile struct” and the other will not. We had to
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Table A.1: Summary of Two Issues in MPO and CCS

LI install CD New: I 2.97 or 2.87 Old: IT2.75 or 2.70
2 : Uniterminal Uniterminal
Environment CCs 2.0 CCs1.z2
1.0.14.2 1.0.1.1
3 ORIS00
5 o OK
(.cinit > DRAM) OK OK OK
{Demol of Issuel)
4 CHAS00
(.cinit > SDRAM) oK OK OK OK
{(Demo2 of Issuel)
3 ORI 501
(.cinit = DRAM) OK OK OK OK
(Demo3 of Issuel)
6 CHAS01
. NG
(.cinit > SDRAM) OK OK OK _
(Run time)
(Demo4 of Issuel)
7 CHASOLcr
(.cinit > SDRAM) OK OK oK NG
.cini
(Load time)
{(DemoS5 of Issuel)
8 Channel Cannot allocate in
s 5 Internal error Not vet Not yet
(.cinit > DRAM) DRAM (page0)
9 Channel
s MPO
(.cinit > SDRAM) Internal error Not vet OK .
{User application)
10 Modulation Internal error MPO
L Not vet OK
{(User application) NG
11 Filter receiver MPO
T e Internal error Not vet oK
(User application) NG
12 Bad A
Internal error Not vet OK OK
(Demol of Issuel)
13 Bad B Internal error
o Not vet OK OK
{(Demo?2 of Issue)
14 Bad C
Internal error Not vet OK OK
(Demo3 of Issuel)
15 TEST or TEST2
OK OK OK OK
(Q6x Example)
16| Summation (1 to 100) OK OK OK OK
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e old method: e old method:
typedef volatile struct { typedef volatile struct {
TimerControl control; volatile unsigned int Word;
unsigned int period; volatile unsigned char fallow[GAP - sizeof(unsigned int)];
unsigned int counter; } Peripheral;
} Timer;
¢ new method: e new method:
typedef struct { typedef struct {
TimerControl control; volatile unsigned int Word;
volatile unsigned int period; volatile unsigned char fallow[GAP - sizeof(unsigned int)];
volatile unsigned int counter; } Peripheral;
} Timer;

Fig. A.1: The volatile structure needs to be changed.

go in and change to each individual element to.be volatile. you need to settle on one envi-
ronment and use that. Even the Make fileS-are different with different switches. Libraries
are different from the versions. I have'done what you have asked but it is a tedious effort
to maintain. II does not support this approach although I can be of some help in parts of
the upgrades. To convert for the new Code Composer Studio from older source code the

volatile structure needs to be changed (as shown in Fig. A.1).
Two Issues Related to Quatro6x Still Remain

“After volatile struct changed to new method (Timer in ii_c6x.h,and Peripheral in Pe-
riph.h). Issuel still exist in CCS1.2 of I12.70 or 2.75. Issue2 still exist in CCS2.0 of
I12.97 or 2.85. Do you actually run the isssul demo program of CHAS501 in your CCS1.2
of I12.70 or 2.75? Also run the isssu2 demo program of BAD_A in your CCS2.0 of 112.97
or 2.85? And actually run OK for the two issue demo program of in your newest CCS2.2
of newest II CD version? Do the above two violate struct change really hit the issues or

not yet? Could you continue to teach me how to do?”
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Reply from techsprt@innovative-dsp.com

“I need more specifics. No I have not looked at the project to update it. I have however
done this before on other projects. You should just download the new toolset and discard
the old ones. Update your code to the latest and then you will not have to worry about
this. The libraries might have to be recompiled to insure all of the compiler issues are met.
I did do that also with the new compiler. This may not be necessary. I do not remember
now as this was a while ago. Run a find for all the possible volatile struct in your include
files to see if there are others.

No the issue of the older toolset will always be there if you try to compile it on the
Newer Code Composers. The new toolset has already been updated for the newer releases
of Code Composer Studio. This is now aimed at version 2.2 of C.C.S. the latest version

is on the WEB and can be downloaded by you after you register your computer.”

A.2 Emails Concerning Four DMA Channels and One
DMA Bus

“I’'m a NCTU student using Quatro6x DSP board. Now, there are problems about DMA

channels.

e Background:
There are four DMA channels at TMS320C6x01 DSP. There are four TMS320C6x01
on Quatro6x Board. TI’s on-chip memory: two blocks, four banks each. II's

dma_copy_mem, dma_port_to_mem, and dma_mem_to_port used for data movement.

e Goal:
We want to pipeline the five actions: one computing under background of four

DMA channels moving data simultaneously.

e Status:

Up to now, it is OK to pipeline one CPU and one DMA using double buffering at
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separate block. However, it is NG to pipeline one CPU and four DMA background

movements simultaneously.

e Problem:
1) Could the four DMA channels move data simultaneously, or not?
2) If yes, how to do? Need to set data at separate bank?
3) Set by Data alignment or Structure for interleave LSB address?
4) If no, why could not? Limit from only one DMA controller having only one
DMA bus?

5) Any suggestion for my goal in Q6x board?”
Reply from techsprt@innovative-dsp.com

“I do not fully understand your problem. There aré:four DMA channels on each processor
of the Q6x. Each processor is responsible for there.own DMAs. DMA uses the same data
bus as the processor so this is a time shared.operation. If you have multiple DMA running
they also time share the bus. The DMA when complete calls a DMA interrupt so you can
use this to set flags and/or reset the DM A fornew addresses. You can use the DMA with
any of TI or II setup routines. If you have special needs then use the TI functions and if
they have what you need then you will not have to build your own. At any time you can
set the DMA for any special needs of data flow. We just give you the most common in the
libraries. DSPO does use one of the DMA channels for the BusMaster and this should not

be changed unless you are not Busmastering data to or from the host.”
Reply from TI teacher George Hsieh

“DMA in *C6x01 has only one controller and one 32-bit bus. Access priorities are fixed
for each channel. Although you can pre-configure 4 different memory access configu-
ration through 4 channels, only the highest priority channel can use the bus if started
simultaneously, once this channel completes, the next highest priority channel would be-

gin, and so on. If double buffer works for you, with a little modification, you can make
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it as many buffer you want. Try to increase the frame count, and allocate more buffers as
required, use frame and element index mechanism to direct the input to 4 different buffers,
this can be done with only ONE channel of DMA. For details, please refer to the C6000
peripheral reference guide (SPRU190). It’s difficult to use DMA to move data in to/out
from another DSP without a share memory. But simply for this case, I guess 3 channel

will do, theoretically.”
Reply from support@ti.com

“Thank you for contacting Texas Instruments Technical Support. Your email has been
received and a case number 35347272 has been assigned to your inquiry. Regarding your
query, it is not possible to have 4 DMA channels move data simultaneously. There is only
one 32-bit DMA bus to the data access controller.of C6201 which is the limitation. Please
refer to figure 1-1 of SPRUS77. Note that the 4 DMA: channels have fixed priorities with
channel 0 having highest priority :and channel 3‘having lowest priority. For more details on
this please refer to section 2.7 of DM A Reference Guide - SPRUS77. For your application,
you can use Split-channel operation as described in section 2.6 of SPRU577. Also CPU
and DMA has separate buses for memory and hence they can have simultaneous access.
Also refer to the following: Chapter 3 of SPRU577 TMS320C620x/TMS3206701 DMA
and CPU: Data Access Performance - SPRA614A Hope this helps. Please get back to us

if you have any further questions.”
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