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Phase rotation beamforming (PRBF) is a commonly-used digital receinédraang
technique. However, due to its high computational requirement, it has traditionally been
supported by hardwired architectures (e.g., application-specific iteegrimcuits (ASICs) or
more recently field-programmable gate arrays (FPGAS)). Intlibss, we investigate the
feasibility of supporting software-based PRBF on a multi-core DSP. Twaa#i¢he high
computing requirement, the analog front-end (AFE) chips integrating quadrature
demodulation in addition to analog-to-digital conversion were defined and usidthése
new AFE chips, only delay alignment and phase rotation need to be performed by DSP,
substantially reducing the computational load. We implemented the delay efigantd
phase rotation modules on a Texas Instruments C6678 DSP with 8 cores. With a sampling
rate of 40 MHz and 2:1 decimation, it takes 200 ps to generate one scanline (2048
samples/scanline) on two cores. With 4 cores, it can support beamforming for 64 channels
with 10k scanlines/s, e.g., 200 scanlines/frame at 50 frames/s. The remaiareg dan
work on back-end processing tasks and applications, e.g., color Doppler or ultrasound
elastography. One DSP being able to handle both beamforming and back-endrggocessi
could lead to low-power and low-cost ultrasound machines, benefiting ultrasound inmaging

general, particularly portable ultrasound machines.
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Chapter 1: Introduction

1.1 Ultrasound system

Ultrasound imaging is an important medical imaging modality for routingeal use in
hospital. It transmits high-frequency sound waves and generates imagethesetgrned
echoes that are produced at tissue interfaces where changes in acoudanaapecur.
Compared to other cross-sectional imaging modalities, e.g., CT, MRI and PEJquutidla

has the advantages of being portable and low cost.

Ultrasound machines have three subsystems: the transducer and its cafibddyatise
front-end electronics, and the back-end processor with diSlayre 1.1 shows a high-
level block diagram of an ultrasound system. An ultrasound transducer with pigzoelec
elements converts electrical pulses from the transmitter into an adoestic The acoustic
beam propagates into the body, and echoes generated at tissue interfadéevant
acoustic impedances are reflected back to the transducer and converted tintaledemals.
Each transducer element is connected to an analog-to-digital cor(®&@) where analog
signals are digitized. Afterwards, digital beamforming is performedhdribeamformer,
demodulation is applied to remove the carrier frequency of received ultrasound gigna
extract the complex baseband data (i.e., in-phase (I) and quadrature (Q) cos)poFtent
baseband data are then passed onto the back-end of an ultrasound system to gediorm si
and image processing for various ultrasound modes (e.g., B-mode, color Doppler, spectral

Doppler and elastography) before display.
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Figure 1.1 Block diagram of a medical ultrasound machine.

1.2 Digital beamforming in ultrasound

One of the most critical components of an ultrasound machine is the beamformer.
Beamforming is a common signal-processing technique used in various apmicaich as
wireless communications, radar, and sonar. In medical ultrasound, beamforosed i®
focus the reflected echo signals from different tissue structures in tbe #gnterest. In the
receive beamformer, focusing is achieved by aligning echo signalmgraivdifferent
elements using appropriate delays so that an isophase plane is createdligined@choes
are then summed up cohererftijhe basic concept of receive beamforming is illustrated in
Fig. 1.2. Ultrasound echoes arrive at different transducer elements edrditiemes
determined by the distance between the target in the tissue and the positionsducea
element. As the distance from the target to the center element is sthartegnter element
receives the echo sooner than the off-center elements. By applying apprdelégttimes,
the echoes can be aligned up before summation. Digital beamforming isat$sent
achieving good image quality by increasing signal-to-noise-rabi®R{Simproving spatial

resolution and reducing sidelobe artifatts.
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Figure 12 Simplified schematic diagram with 5 channeldltesirate th
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Phase rotation beamforming (PRBF) icommonlyused digital receive beamformil
technique, which performmoarse delay adjustment integer sample shiftg followed by
fine delay adjustment by phase rotat*

1.3 Research goal

The purpose of this thesis is to explore the feliyilof supporting softwar-based PRBF
on a multi-core DSP.

PRBFrequires high computing pov. Therefore, ihas traditionally been supportby
hardwired architectures (e.g., applica-specific integrated circuits (ASICs) or m¢
recently fieldprogrammable gate arrays (FPG®). Programmable processors, e.g., di
signal processors (DSPs), have been used fo-end signal and image pressing ir

ultrasound systems for some ti ®®, but not for front-end beamforming.



However, with a trend towards using more software in ultrasound imaging systame
attempts have been made to support software-based beamforming using DSPs.|Sohn et a
presented a system using 16 ADSP-TS201 DSPs for beamforming. Chéhpeopbsed an
implementation of digital beamforming on Am2045 massively parallel psocesray
(MPPA). On the other hand, some software-based approaches based on simplifiairelgo
were also attempted to reduce the burden in computation. A pixel-based beamforming
algorithm was introducet!. Also, we proposed a two-stage demodulation phase rotation
beamforming method to significantly reduce the amount of computation. However, it

incurred some image quality degradatfén.

One future direction with next-generation AFEs is for more integration of batba
and digital functionalities. The highly-integrated new AFE chip, which inslaaalog-to-
digital converter, quadrature demodulation and decimation, would be beneficial to many
systems. This highly-integrated AFE chip could substantially reduasthputation
requirement in beamforming. At the same time, with the programmable procgssa's

multi-core, more computational power is now available, and this trend will continue.

With the development of new analog front-end (AFE) chips and multi-core DSPs, it
might be possible to support both full (not simplified) PRBF and back-end processing on the
same multi-core DSP, which could lead to a lower-cost ultrasound machine that consume
much less power. On the other hand, it might also be possible to support PRBF farchigh-e

machine by using one or more DSPs.

In this thesis, we proposed a new PRBF system architecture with highly ietegfEs,
and implemented it on a multi-core DSP (TMS320C6678). The performance wasad$sess
the code composer studio (CCS) cycle approximate simulator, and possibletiapplica
scenarios have been explored.

1.4 Thesis organization

Chapter 2 describes the architecture of TMS320C6678 multi-core DSP.



Chapter 3 describes phase rotation beamforming. Computational requiremenhfor ea

stage was estimated.

Chapter 4 presents the new PRBF structure. The algorithm was mapped on
TMS320C6678 DSP. The performance was evaluated by the CCS cycle appgoxima

simulator.

Chapter 5 explores the application scenarios. One scenario is wherte-eoneuDSP
could support both front-end beamforming and back-end processing, which would lead to a

compact ultrasound machine.

Finally in Chapter 6, we summarize our findings.



Chapter 2: TMS320C6678 multi-core DSP architecture

2.1 DSP architecture

C6678 is a new-generation DSP from Texas Instruments with 8 cores runniclgekt a

frequency of up to 1.25 GHZ.

Figure 2.1 gives a simplified block diagram of C6678 DSP. Each core is songry-
instruction-word (VLIW) processor with two data paths, each vatin functional units (L, S,
M and D). The two general-purpose register files (A and B) each contain 32 3@idigne
for a total of 64 registers. Each of the eight functional units is capable aftiexeone
instruction every clock cycle. The M unit performs all multiply operations. Irtiaddo
multiplying two real numbers, the M unit can also perform a complex maétpn every
clock cycle, which enables us to perform phase rotation for one sample usingttiteit
one clock cycle. The S and L units perform a general set of arithmeti@l|lagid branch
functions. The D unit loads data from memory to the register and stores resulthér

register into memory.

2.2 Memory description

Since the performance of processors has improved at a much faster pace than that of
memory, there is a performance gap between core and memory speedoedidhremory is
more expensive than slow memory. To solve this problem, a memory hierarchy has been
used. A fast but small memory is placed close to the core that can be accéssedstdlls.
The next lower memory levels are larger but slower. Typically, the dataléwer-level
memory are first cached into the higher-level small and fast memory dbelmterage
memory access time will be close to the access time of the fastestynem
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In DSP C6678, thenemory architecture consists of a -level internal cact-based
memory architecture and external men, shown as Fig. 2.2 Each core he 32-kbyte
level-1 program (L1Pinemory, 3-kbyte level-1 data (L1Dnemory, and 51-kbyte local
level-2 (L2)memory. L1P, L1D and L2 can be configured as cacti#or addressab
SRAM. Leveldl memory can be accessed by the core without.<For each L1D and L1F
the size of cache is useonfigurable, and can be set k, 8k, 16k, or 32lbytes.In addition,
the C6678 DSP hasMbyte multi-core shared memory (MSMYISMC SRAM can be

configured as shared L2 and/or shared L3 mer
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Figure 2.2 Cache memory architecture.

2.3 Internal direct memory access (IDMA) controller

In DSP C6678, each core has a programmable internal direct memory acceskercont
that allows fast block transfer between any two local memory locational eemory
locations include L1P, L1D, and L2 memories, or in the external peripheral cotibgura
memory. Typically, IDMA is used to transfer between slower level-2 mearuayfaster
level-1 memory. IDMA can provide lower latency because the transferpladein the

background, concurrently with DSP operation¥.

Figure 2.3 illustrates the double-buffering technique using IDMA. Thespsat
allocates four buffers, two for input blocks (ping_in_buffer and pong_in_buffer) and two for
output blocks (ping_out_buffer and pong_out_buffer). While the core processor is processing
data from the pong_in_buffer and stores the result in pong_out_buffer, the IDMA controlle

moves the previously computed output in the ping_out_buffer to L2 memory, and brings the



next input block from L2 memory to the ping_in_buffer. When the computation and data
transfer are complete, the core processor switches to use the ping &ndfeine IDMA

controller works on the pong buffers.

L2
L1D Input data
_ Ping_in_buffer /
Ping IDMA
Ping_out_buffer controller
Pong_in_buffer
Core  [<Pong | 9N
processor Pong_out_buffer Output data

Figure 2.3 Double-buffering technique using IDMA. The IDMA controller
loads and stores data using the ping buffers while CPU processes data using
the pong buffers.
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Chapter 3: Phase rotation beamforming

3.1 Phase error in the quadrature sampling as applied to ultrasound systems

Phase rotation beamforming is commonly used in ultrasound machines, which eminate
the error in phase to improve image quality. The phase error is introduced duringtapeadr
demodulation, which is derived as follows.

The received RF signal at tt& element of the transducer array can be descritfed as
xj(t - Tj) = Aﬂ(t - Tj)COSO)O(t - ‘L'j) —Ajo (t - Tj)sinwo(t - ‘L'j) (3.2)

whereA;;, A;, are the in-phase and quadrature components of the signal receivegtrat the
element, and; is the delay time at thigh element. After quadrature demodulation, the
signals are
xj(t - Tj)coswrt = %Aﬂ(t - Tj)cos((a)o + W)t — woTj) + %Aﬂ(t - Tj)cos((a)o —w)t —
1 . 1 :
WoTj) — EAfQ(t - Tj)sm ((wo + wp)t — wotj) — EAJ-Q (t - Tj)sm ((wo — W)t — wqtj)
. 1 . 1 .
xj(t - Tj)sma)rt = EAJ'I(t - Tj)sm((a)o + W)t — woT;) — EAf’(t - Tj)sm((a)o —w)t —
1 1
woT;) + EAJ'Q(t — Tj)COS ((wo + W)t — wot;) — EAJ'Q (t — ‘L'j)COS ((wo — wy)t — wgT)) (3.2)
wherew, is the reference frequency used in demodulation.

The low-pass filter removes high frequency components, resulting in
_ _ 1 1 i
Ij =2 Aj(t — 77)cos((wo — wp)t — wot)) = 5 Ajo(t — 7;)sin (wo — @)t — W)
— 1 N 1
Qj = — 5 Aj(t — 7j)sin((wo — wp)t — wot)) =5 Ajo(t — 77)cos (o — wp)t — woT)) (3.3)

To obtain thecth sample point for the center elemant: (k + m;)T;, wheremg, is the
delay difference between the jth element and the center element fioth themple point,

andT,is the sampling interval. Therefore,
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= 1
Ijk = EAjI(kTs - (Tj - mjkTs))Cos ((wo - wr)kTs — Wo (Tj - mjkTs) - wrmjkTs)) -

1 .
EAjQ (kTs - (Tj - mjkTs))SIn ((wo - wr)kTs — Wo (Tj - mjkTs) - wrmjkTs))

= 1 .
ij = _EAjI (kTs - (Tj - mjkTs))SLn (((‘)0 - (‘)r)kTs — Wy (Tj - mjkTs) - wrmjkTs)) -

1
EAjQ (kTs - (Tj - mjkTs))COS (((‘)0 - wr)kTs - a)O(Tj - mjkTs) - wrmjkTs)) (3-4)

An appropriate integer delay can be chosen suchrthatn;; T ~ 0.

If we define
1
Bj(k) = EAjI(kTs = (rj — muTy))
1
Bjo (k) = EAjQ (kTs — (t; — myTy))
0 = (wo — w,)kTs — wO(Tj - mjkTs) ~ (wo — wp)kTs
Wik = —w,my T (3.5)
Then,

Ij = Bj(k)cos (8 + Wj) — Bjo(K)sin (6 + Wj)
ij = —Bj;(k)sin (6 + Wji) — Bjo(k)cos (60 + Wji) (3.6)

W, is the unwanted phase term. Phase rotation beamforming eliminates this errgeitopha

improve the image quality, which can be done as follows,
Ly = Iy, cos Wi, — Qi sin Wy, = Bj;(k)cos 6 — Bjo(k)sin 6

Qjk = I sinWjy, + Qjy cos Wy, = —Bj;(k)sin 6 — Bjy(k)cos 6 (3.7)

3.2 PRBF block diagram

The block diagram of a digital phase rotation beamformer is shown in Fig. 3.1, which

consists of mixing, lowpass filtering (LPF), decimation, integer delagsehotation and
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summation operations. After analog echo signals are sampled by the ADEsandX_PFs
remove the carrier signal to produce the complex baseband data. After demodulation and
decimation, the integer delay component selects a proper sample depending aaytfoe del
each channel. Following that, phase rotation is performed to remove phase féerdhah,
appropriate samples from all the channels are summed together to form one foeyded sa

Figure 3.2 illustrates components in a phase rotator.

Integer delay
e I -—I.-| LPF }—-.I Decimation l——l FIFO l——v-| Phase rotator
£ Mixer
M—‘I Deti]llniiolll—'I FIFO '_'| Phase rotator

_I.l LPF }—.IDecinmlilml—-| FIFO )—4 Phase rotator
ﬁ LPF }—‘IDecinmliﬂnH FIFO ’_"I Phase rotator

ADC Mixer

A 4]
]

0

I LPF }—.|l)ecinmlirjlll—o‘ FIFO H Phase rotator
T’| LPF |_'| l)ecinullil)lll_" FIFO ’_'| Phase rotator

ADC Mixer

AWl

Figure 3.1 Block diagram of phase rotation beamforming.
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Figure 3.2 Block diagram of a phase rotator.

3.3 Computational requirements

13

Computational load for each stage in Fig. 3.1 (in terms of multiplications andadliti

is listed in Table 3.1 where C is the number of channels and m is the demodulatiorpfilter ta

size!” The percentagef operations needed by each stage to the total number of operations

was calculated when the number of channels is 64 and the filter tap size is 32. dhe tabl

indicates that the demodulation filtering is the most computationally eixpensction,

taking 91% and 95% of the total multiplications and additions in the PRBF, respectively.

Filtering in demodulation is computationally demanding since it is applied to eadf thee

pre-beamformed channels.
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Table 3.1 Computational load for each stage of PRBF and its percentage to the
total number of operations when the number of channels (C) is 64 and the
demodulation filter tap size (m) is 32

Multiplications Additions

Number Number
Mixing 2C 3% 0 0%
Demodulation | 2mC 91% 2(m-1)C 95%
filter
Phase rotator 4C 6% 2C 3%
Sum 0 0% C-1 2%
Total (2m+6)C 100% (2m+1)C-1 100%
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Chapter 4. Software-based phase rotation beamfgrmin

4.1 New PRBF structure with integrated analog front-end

Demodulation filtering in PRBF is the most computationally expensive function. To
alleviate this high computing requirement, the AFE chips integrating AD@Quedtature
demodulation were used. By utilizing such AFE chips, only delay alignment and phase

rotation need to be performed by DSP, substantially reducing the computatiahal loa

The flow diagram of our implementation of the PRBF algorithm is shown in Fig-dr 1.
our implementation in this thesis, we assume that demodulation and decimation have been
performed in the new AFE chips. Complex baseband data (i.e., in-phase (I) andugeadrat
(Q) components) from AFEs are passed onto delay modules, which select apporopriat
samples for each channel based on the delay determined by the distance bettaeget the
and the transducer element. The delay module is followed by a phase rotator, which
compensates the phase shifting in | and Q signals so that they are progeeg &ir the
summation stage. Then, a summation across all the channels is performed to produce

beamformed | and Q signals for back-end processing.

AFE I

> Delay >  Phase rotator >
ADC
> wn [ Q
demodulation > Delay > Phase rotator >
—> Beamformed
‘ z in-phase signal
Analog echo sigrfals
: : Beamformed
\ quadrature signal
[
> Del > Ph tat >
ADC elay ase rotator
—> wih [ Q
demodulation > Delay >  Phase rotator >

Figure 4.1 Block diagram of a phase rotation beamformer assuming
guadrature demodulation is performed in the AFE chips.
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4.2 Mapping of PRBF algorithm on TM S320C6678 DSP

The phase rotation beamforming algorithm described above was implemented on C6678.
To save the computational power, delay and phase rotation parameters were preecompute
and stored in lookup tables (LUT). To reduce the LUT size and cache misses ddetp loa
the LUT, all these parameters were combined into one LUT by using difedréelay
addressing, shown in Fig. 4.2. The first entry in the LUT contains the absolute addtbss f
first sample. Starting from the second entry, sine and cosine values for pha#ise etd a
differential delay address are combined. The least significant bitsdi6-bit fields are
extracted to form a 2-bit differential delay address, while the upper 15dised for a
phase rotation parameter. Once the LUT is loaded, sine and cosine values footaliase

can be extracted, and the absolute address for each sample can be calculated

— 32 bit —>|

First entry in LUT First absolute address

Second entry in LUT : :
sine value cosine value

N\

1-bit each to form
a 2-bit differential
delay address

Phase rotation I Phase rotation

Figure 4.2 Structure of LUT by using differential delay addressing.

Figure 4.3 shows the pseudo-code for the PRBF tight loop for 64 channels and 2048
samples per scanline. After initializing the partial sum array to zertigtitdoop computes
the absolute address and load properly-delayed demodulated IQ data, and thers perform
phase rotation to eliminate the error in phase, and accumulates it into thiespartearay.
This occurs for every sample in each channel (n=0 to 2047), and then for every chafnel (m=

to 63). Once all 64 channels have been processed, one focused scanline is generated.
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for(n=0; n<2048; n++)

{
partial sum[n]=0; // initialize the partial sum array to zero
}
for(m=0; m<64; m++) // for each channelm
{
load first index;
previous_index = first_index;
for(n=0; n<2048; n++) // for each output sample n in channelm
{
load LUT entry[mn];
extract two msb15(LUT entry[m.n])=> phase rotation parameters;
extract two 1sb(LUT entry[mn])=> differential delay index;
absolute index = differential delay index +previous index;
previous_index =absolute index;
load demodulated IQ[m][absolute index]=>input samples;
intermediatelQ = complex multiplication(input samples, phase rotation parameters);
partial sum[n]=partial sum[n]+ intermediateIQ);
}
}
for(n=0; n<2048; n++)
{
output[n] = partial sum[n];
}

Figure 4.3 Pseudoede forthe PRBF tight loop for 64 channels and 2(
samples per scanline.
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ith sample in the scanline LDDW (i + 1t"sample in the scanline
32 bits 32 bits
Load two LUT entries Phase rotation  Phase rotation Phase rotation | Phase rotation
sine value cosine value sine value cosine value
EXTU
Differential Phase rotation Phase rotation Differential Phase rotation Phase rotation
delay address sine value cosine value delay address sine value cosine value
Calculate by adding to \L
absolute address of Absolute Absolute
previous sample address address
2bits | LDW 32bis |, LDW
Demodulated Demodulated
Load delayed IQ data
1Q CMPY 1Q CMPY
\ 32 bits \ 32 bits
Phase Phase
64 bits LDDW compensated 1Q 61bits LDDW compensated IQ
Toad parial sum {*h partial sum | (i + 1) partial sum |
® DSADD DSADD
\ 64 bits \ 64 bits
‘ Updated i*" partial sum ‘ ‘ Updated (i + 1)* partial sum ‘
STDW STDW

Figure 4.4 Mapping of PRBF on C6678 using C6678 instruction set.

Figure 4.4 shows how the tight loop of PRBF was mapped on C6678 using the C6678
instruction set’ The beamforming is performed in the axial direction. Two LUT entries for
two consecutive samples in the axial direction are loaded, and each contaieseatdif
delay address and phase rotation parameters. The absolute address can bel éaiculate
adding the differential delay address with the absolute address of the psaigpie. The
first absolute address is contained in the LUT. With the calculated absdiess, the
appropriate sample is loaded. Phase compensation is performed by using the CMPY

instruction. Then, the partial sum for the current sample is loaded and updated.

4.3 Data flow optimization

To reduce the penalty caused by cache misses in loading LUT, the doublaigufferi
technique and IDMA are used to transfer LUT data while CPU is computihgovatviously-
loaded data. Part of the L1D memory is configured as SRAM with a half forrtgdpifers
and another half for the pong buffers. While the core processor is working oraddlay

phase compensation by using the data from the pong buffer, the IDMA controilgs thre
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next LUT block from local L2 memory to the ping buffer. When the computation and data
transfer are complete, the core processor switches to use the pingahdftee IDMA

controller works on the pong buffer.

4.4 Performance

We programmed the PRBF algorithm in the code composer studio and eoketsur
computation time using the cycle approximate simulator. Table 4.1 shows the ideal
performance and compiler output of our implementation. The compiler output is thessame a
the ideal performance of 1.75 cycles/IQ output. Base on this performance, assuming a
sampling rate of 40 MHz, 2:1 decimation and a clock frequency of 1 GHz, it takes 229.4 us
to beamform one scanline for 64 channels and 2048 samples/scanline (2048 beamformed
samples x 1.75 cycles x 64 channels x 1 ns/cycle) on a single core, which means 4.4k

scanlines per second can be beamformed.

As the tight loop needs to load the demodulated 1Q data (4 bytes/sample), LUT (4
bytes/sample) and partial sum values (8 bytes/sample), a large numbehreofimiases would
be expected, which could cause severe performance degradation. To recuselbeof
cache misses, we configured L1D as 8 kbytes of data cache and 24 kbytédvbf2ZR
kbyte SRAM was divided into two parts; 16-kbyte SRAM to keep a partial sum aute8a
kbyte SRAM for IDMA double-buffering. In addition, for 64 channels and 2048
samples/scanline, the size of LUT is 512 kbytes. It is not feasible to keep theelwioIn
local L2 since the size of local L2 memory is 512 kbytes, which needs to beouséalelr
purposes. To fit the LUT into local L2 so that it can be transferred independghiivIA,
we used each core to process the data for 32 channels. The data flow on eacthcova i
in Fig. 4.5. Therefore, 2 cores are needed to beamform one scanline for 64 channels and 2048
samples/scanline. With this configuration, the total CPU cycles for the digihtfiom the
cycle approximate simulator is 174,417 cycles, corresponding to 174 ps to beamform one

scanline with 2 cores at the clock frequency of 1 GHz, shown in Table 4.2.
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2048 samples LUT
32 channels (256 kbytes in local L2,
double-buffering via IDMA) L1D: 8-kbyte cache
U 8-kbyte SRAM for IDMA
(4-kbyte ping buffer, 4-kbyte pong buffer)
Demodulated 1Q |:> Phase rotation 16-kbyte SRAM for partial sum
(256 kbytes in MSMC)

fr U

Partial sum
(16 kbytes in L1D SRAM)

Figure 4.5 Data flow of PRBF with 32 channels and 2048 samples/scanline on
one core.

Table 4.1 Ideal performance and compiler output

Ideal performance Compiler output

Performance

(cycles per 1Q output) 175 175

Table 4.2 Cycle approximate simulator profiling output and multi-core
performance assuming 1-GHz clock frequency

Multi-core performance
Profiling output | (including multi-core partitioning
overhead)

174 ys 200 ps

Performance
(per scanline with 2 cores)

After one core finishes the processing, the half partial sum resultsprie RSMC,
which would be loaded by the other core that works on the second 32-channel data to
produce the final results. Taking this partitioning overhead and communication @verhea
among cores into account, it takes 200 ps to generate one scanline (2048 sampte$/scanli
with two cores at the clock frequency of 1 GHz, shown in Table 4.2. Therefore, withs4 core
it can support beamforming of 64 channels with 10k scanlines/s, e.g., 200 scanlimeaffram
50 frames/s. If we increase the clock frequency to 1.25 GHz, 12.5k scanlines can be

beamformed per second with 4 cores. The remaining 4 cores can work on other tasks. One
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possibility is to run back-end processing and applications, e.g., color Doppler souwtita

elastography.

Figure 4.6 gives an example timing diagram with 4 cores, assuming on@eadsnl|
acquired every 100 pus. When the first 32-channel data are available in MSMGQ atd&i@
Js starts processing the first 32 channels for scanline 0. 50 s later, cote 1 star
beamforming the second 32-channel data for scanline 0. The scanline 0 is gen&@@ed at
us. After that, each scanline is completed every 100 ps. Figure 4.7 shows théesirigfif-
level architecture of the front-end. The ADC and demodulation are performed 8) AfdE
then | and Q data are streamed into the DSP.

To show the beamforming quality, a phantom study was performed. A phantom (Model
RMI 403GS LE Multipurpose Phantom, Gammex Inc., Middleton, WI) was used. An
ultrasound machine (Verasonics Research System, Verasonics, Inc., Redmond,sSNVA) wa
used to acquire pre-beamformed data. An ATL L7-4 linear array transdubex eenter
frequency of 5 MHz and a pitch of 0.298 mm was used. Figure 4.8(a) shows the phantom
image beamformed using our implementation with a dynamic range of 55 dB. For
comparison, we also implemented PRBF by using floating-point Matlab (Btie/Nbrks
Inc., Natick, MA). The beamformed image using Matlab is shown in Fig. 4.8(b). Tuatwal
the image quality, the root mean square error (RMSE) between two methodaledated

as follows,

T8 1Ny N)1
N

RMSE(x,y) = \/ 4.1)

where X, y represent an 8-bit pixel value in B-mode images generated gplementation

and by Matlab, respectively, i,  are pixel indices, N is the number of pixelse$uk is

1.69. Besides, the normalized magnitudes around the bright dot are shown in Fig. 4.9. The
difference between the two methods is insignificant. Thus, there is no higic@age

guality degradation with our implementation.

4.5 Discussion



22

These results were obtained by using the cycle approximate simuta®mnse did not
have access to the hardware for this study. Besides, the overhead for stthaming
demodulated IQ data via Hyperlink into the MSMC SRAM of C6678 has not been included.

In this implementation, we did not take advantage of the symmetry in the LUT. When
there is no beam steering, delay values are symmetric around the middle of tilne ager
shown in Fig. 1.2. For example, in case of a 64-channel system, the same set ofluetay va
would be applied to channels 0 and 63, channels 1 and 62, channels 2 and 61 and so on.
Therefore, phase rotation parameters and differential delay addregmaretsac. Based on
this observation, the LUT size could be reduced in half. In this case, splitting Ishacnoss
cores is not necessary. However, since beam steering is used in modern ultraseorsd syst
(e.g., for oblique sectors or spatial compounding), we used the original LUD &ieet the

flexibility of adding beam steering in the future.

50 100 150 200 250 300 350 400

0 s mmm e mes s mems s g GO9S
us ps us us us us us us
Data
e S ~N ~N ~ N\ ‘
streaming lﬂt@\ SIH0  A_ Sl  a~_  SDH#H2 A_ SIHE3 A SI#4 )
MSMC
il TN T~
Core 0 o S0 first 32 channgls A ST#2 first 32 channgls AL
L~ T~
Core 1 N SLA0 second 32 channels _A__SL#A2 second 32 channels)
Y e
Core 2 N STi#1 first 32 channgls _‘/C_PS_L#S first 32 ¢hannels
S
Core 3 CSL#I second 32 chaninels 4/(___

Figure 4.6 Example timing diagram with 4 cores, assuming one scanline is
acquired every 100 ps and it takes 200 us for each core to process 32-channel
data.
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T AFE
T AFE
T AFE
T AFE J Channel 0-63 C6678
= LQ DSP
—7+ | AFE
T AFE
—75— AFE

Figure 4.7 Simplified high-level block diagram of the front-end. The ADC
and demodulation are performed in AFEs, and then | and Q data are streamed
into the DSP.
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Figure 4.8 Phantom study result of PRBF with 55 dB dynamic range.
Beamformed ultrasound image with (a) our implementation on C6678 and (b)
Matlab. The bright dot is pointed out by the arrow.
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Figure 4.9 Normalized magnitude around the bright dot. (a) Lateral and (c)
axial profiles for beamformed data with our implementation on C6678. (b)
Lateral and (d) axial profiles for the beamformed data from Matlab.
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Chapter 5: Application scenarios

5.1 Clinical application examples

The beamforming performance enabled by this architecture based on EsaAdDSP
can support various clinical applications, as listed in Table 5.1 eamaple is neck imaging,
where the carotid arteries are examined for plaques and blood flow abnormalitiethéV
AFE chip performing digitization at 40 MHz, demodulation and 2:1 decimation, there are
1299 samples per scanline assuming an imaging depth of 5 cm (40 MHz x 10 cm (round-trip
distance) / 1540 m/s (speed of sound in tissue) / 2 (2:1 decimation)). Based on the physical
limitation, the maximum number of scanlines that can be produced is 15.4k, which can be
supported by our implementation since we can beamform up to 15.7k scanlines/s with 4
cores (10k scanlines/s x 2048 samples/scanline / 1299 samples/scanline). If 308ssaam|
acquired per frame, a frame rate of 50 Hz can be achieved, which is typidéltient for
imaging the carotid artery.

Another example is abdominal imaging, where abdominal organs (e.g., liveoréad a
are examined. In this case, larger imaging depths are required. AsshrEirghips
performing 40-MHz digitization, demodulation, 2:1 decimation and an imaging depth of 20
cm, there will be 5,195 samples per scanline. The maximum number of scanlines tat ca
acquired at this imaging depth is 3.8k. If 200 scanlines are acquirediper &drame rate of
19 frames/s can be achieved. Since abdominal organs do not move fast, this frame rate is

typically adequate.
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Table 5.1 Example clinical scenarios

Depth Typical Number of samples Transducer
(cm) frame rate | /scanline type
(frames/s) | (40-MHz ADC and 2:1
decimation)
Neck 5 30-50 1,299 Linear
Kidney 12 15-30 3,117 Convex
Liver/Aorta/OB 20 15-30 5,195 Convex

5.2 Multi-core DSP scenarios

As the C6678 DSP has 8 cores, there are 4 spare cores that can be used for additional
processing. One possibility is to use the remaining 4 cores for back-end pracessing
Therefore, one DSP can support both front-end beamforming and back-end processing.
Typically, back-end processing, such as B-mode, color Doppler and spectral Doppler, onl
needs one or two cores. Thus, more sophisticated algorithmsheighipported with 4 cores,
e.g., ultrasound elastography or speed of sound correction. Also, if all 8-cored3%Red
for beamforming, it could support 128 channels with the beamforming throughput of 10k
scanlines/s or 64-channel full-rate dual receive beamforming with the tpougf 20k
scanlines/s (2048 samples/scanline). With an increased number of cores in &halfatur
number of scanlines that can be supported per second could increase further, and/or more

advanced front and back-end algorithms could be supported in real time.

In addition, this software-based approach could allow reusability and scglebili
ultrasound systems. Based on the performance we obtained, we can estinRRBth&ir
64 channels with 10k scanlines/s and 1024 samples/scanline (40-MHz digitization with 4:1
decimation) can be supported on C6678 with 2 cores. Therefore, one 4-core DSP might be
sufficient to support both front-end beamforming and back-end processing, which would
reduce the cost and power consumption even further. On the other hand, two DSPs might be

able to support 256-channel beamforming for high-end ultrasound machine.
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Chapter 6: Conclusions

In this thesis, we investigated the feasibility of using one multi-core DS po&
PRBF. Our results show that, when quadrature demodulation is performed in the AFE chips
and the AFE output data can be fed to C6678, beamforming for 64 channels with 10k
scanlines/s and 2048 samples/scanline can be supported on C6678 with 4 cores assuming a
clock frequency of 1 GHz. Therefore, an 8-core DSP can support both front-end and back-
end processing, which could benefit portable ultrasound machines. In the future, téh hig
clock frequency and additional cores, this architecture should be in position to supiport hig

end systems with more channels.

This software-based architecture could be advantageous in achieving sina--
market (e.g., compared to designing the beamformer ASIC chip and making it work),
flexibility (different algorithms can be supported) and scalabilitys Tigw architecture
could lead to low-power and low-cost ultrasound machines, benefiting ultrasound inmaging

general, but particularly portable ultrasound machines.
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