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1. Cislicové zpracovani signalu na MCU

Pro¢ DSP na MCU?

Moderni senzorické a ridici aplikace generuji velké mnozstvi dat.
Prenaset vSechna data do vysSich vrstev (PC, server, cloud) byva:
» drahé (energie — zvlast u baterii a IoT),
e pomalé,
» Casto nemozné (komunikace, bezpecCnost),
» zbyteCné (vétsina dat je nezajimava).
Proto se stale vice zpracovani déla primo na MCU:

MCU se stava ,edge procesorem®, ktery z dat extrahuje informaci, ne pouze data.

Vyhody DSP primo na MCU
1. Realny c¢as - determinismus
MCU (Cortex-M) je deterministicky systém:
e zadné OS vrstvy (RTOS je deterministické),
* zadné cache miss penalty (M0/M3),
» predikovatelné latence preruseni.
DSP tulohy vyzaduji konstantni latenci (typicky maximalné 10-200 ps).
e Tizeni motort nebo celych robotu
* odhady polohy (IMU fusion),
* audio efekty,

2. Nizka spotreba energie
DSP pipeliny bézici na MCU maji spotrebu:

* 2-30 mA u M4

* 30-80 mA u M7 - oproti tomu mobilni SoC (ARM-A53 apod.): stovky mA.
To umoznuje:

* nositelna elektronika (wearables, napr. noise cancelling pro sluchatka),

* bateriové IoT senzory,

e prediktivni udrzba v prumyslu (vibrace motora).

Priklad Accelerometrické vibrace monitorované MCU s RTOS, tloha 2-3 ms kazdych 20 ms
— roc¢ni provoz na jednu baterii CR2032

Realné projekty s DSP na MCU
Sluchatka
* ANC - filtr se 128-256 koeficienty, bézi i na M4F, EQ — biquad filtry



Drony
« stabilizace IMU - filtr 1-8 kHz, rizeni BLDC motora

IoT bezpecnostni senzory

 analyza zvuku (rozbiti skla), vibrace v potrubi, detekce motorickych anomalii

Pramyslové méreni

* digitalni filtry, FFT, korelace, detekce proudovych Spicek

Dilema: FPU ano nebo ne?

Dosud jsme FPU spiSe nepouzivali, ostatné projekty na MCU byvaji hodné binarni :-)

Proc spis ano?
* Nizsi riziko preteceni
* Lepsi presnost v nizkych amplitudach

» FFT/filtry implementované v 32bitovém typu float jsou obvykle rychlejsi nez operace v
pevné radové Carce, pokud ma MCU FPU

» Kompilator lehce vektoruje kéd ( VMLA.F32, VMUL.F32)

Proc spis ne?
* Vy$si spotreba - FPU jednotka musi bézet, pipeline mé vice tranzistoru
- instrukce cCasto trvaji déle nez v datovém typu int

» Pokud ISR pouziva FPU, uklada se velky kontext ( SO - S31 ) — drahé!

Navic ...
FPU neni vzdy dostupné
e Cortex-M0/M0+/M3 nemaji FPU
* nékteré M4/M33 existuji i bez FPU varianty
* levné Cipy ¢asto FPU vypinaji pti low-power rezimech
Pevna radova carka muze byt:
 rychlejsi (SIMD MAC operace)
* Uspornéjsi (pameét, energie)
Nejefektivnéjsi DSP na MCU obvykle kombinuje obé aritmetiky
* filtry a DSP v pevné radové carce

» vysoka presnost nebo Al ¢asti v plovouci radové Carce



Ciselné formaty pro presné vypoéty - IEEE 754
float / float32

« 32 bitl — 1 bit znaménko + 8 bitll exponent (bias 127) + 23 bitlh mantisa

* Nejbéznéjsi format s plovouci radovou ¢arkou, podpora v M4F, M7F, M33F

double
* 64 bita — 1 bit znaménko + 11 bitl exponent (bias 1023) + 52 bitl mantisa

+ Z4dna HW podpora, velmi pomalé v SW emulaci

half / floatl6
» 16 bitll — 1 bit znaménko + 5 bit exponent + 10bit mantisa

* nativni podpora zatim jen v nékterych DSP akceleratory v Cortex-M55/Helium

bfloatlé - mimo IEEE 754, vyvinuty Google pro jejich TPU (Tensor Processor Unit)

e 16 bitll — 1 bit znaménko + 8 bit exponent + 7bit mantisa

Specialni float hodnoty
Strojové epsilon (&)
* nejmensi Cislo, které prictené k 1.0 jeSté zméni vysledek.

1.19209290e-7 (= 1.19 x 10°7)

m
Il

1.0 + 1.19e-7 - 1.000000119
1.0 + 1le-8 -» stale 1.0 (uz se nerozlisi)

Zajimava cisla
* +0: Exponent = 0, Mantissa = 0
* *+o0: Exponent = 255, Mantissa = 0
* NaN: Exponent = 255, Mantissa # 0

Krok mezi Cisly
* kolem 1.0 = 1.19e-7,
* kolem 1000.0 = 0.000122,
* kolem 1e6 = 0.125

Na co si dat pozor u prace s float32

Porovnavani cisel:

e float32 cisla byvaji nepresna, bézné napf.
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#include <math.h>

bool nearly equal(float a, float b, float eps)
{

return fabsf(a - b) < eps;

}

Operace s Cisly s velmi rozdilnym exponentem:
e pri operaci se prevadi operandy na stejné exponenty, muze dojit ke ztraté mantisy
1 000 000.0f + 1.0f - stale 1 000 000.0f

Kolik stoji float/double bez FPU?
* MCU bez FPU pouzivaji knihovnu libgcc pro emulaci IEEE754:

Operace soft float soft double) Poznamka

scitani ~80-120 cykla ~130-200 cyklt nékolik funkci + normalizace
nasobeni ~120-200 cykll ~200-350 cykla emulace mantisy + exponentu
déleni 300-800 cykla 600-1500 cykll nejdrazsi - iterativni aproximace
sqrt ~600-1200 cykla jesté vice Casto >1 ps

Aritmetika s pevnou radovou carkou (fixed-point arithmetic)

MCU s jadry Cortex-M0/M3/M4/M7 se Casto spoléhaji na celociselnou aritmetiku pro rychlost
a predvidatelnost

 absence slozitych FPU - Floating-Point Unit, i kdyz M4/M?7 volitelné FPU maji

 zpusob, jak reprezentovat redlnd Cisla pomoci standardni celo¢iselné aritmetiky.

Format Q (Q Format)
Q format je nejcastéjsi zptisob reprezentace redlnych Cisel s pevnou radovou ¢arkou.
Q,, — celé ¢islo, kde n bitt je vyhrazeno pro zlomkovou ¢ést (za radovou carkou).

Definice prislusnych datovych typ soucasti CMSIS Core

Format Qm.n

m: pocet bitl pro celociselnou ¢ast (véetné znaménkového bitu, pokud se pouziva dvojkovy
doplnek).

n: pocet bitu pro zlomkovou ¢ast.

Hodnota reprezentovana v Qn:

int

Priklady:
e Q7 - rozsah -1 ... +0.992, krok 27°-7
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e Q15 > rozsah -1.0 ... +0.99997, krok 27-15
* Q31 — rozsah -1 ... +0.999999999, pouzivany pro ARM CMSIS-DSP
Z hlediska definice se jedna o typy Q1.7, Q1.15 a Q1.31 — znaménkovy bit

Definice datovych typu a struktura hlavickovych souboru

Hlavni include: arm math types.h < zdejsou q7 t / ql5 t / q31 t

CMSIS/
L— Dsp/
L— Include/
L— arm math types.h

arm math.h

I; arm math types.h
— arm_common_tables.h

F— dsp/*.h
I_ ..

Priklad definic:

typedef int8 t q7_t;
typedef intl6e t ql5 t;
typedef int32 t q31_t;
typedef int64 t 63 t;

typedef float float32 t;
typedef double float64 t;

Prevody mezi formaty

float — Qn

gql5 t x ql15 = (intl6_t)(x_float * 32768.0f);

Mezi dvéma Q formaty

Musime posunout bitovou rddovou c¢arku:

le.nl — Qm2n2 : X2 — Xl . 2(nl_n2)
Priklad:

* Q15-Q31 =« 16
* Q31 -Q15=»16

Preteceni (Overflow)

PretecCeni nastava, kdyz vysledek aritmetické operace (zejména sc¢itani nebo nasobeni) prekroci
maximalni rozsah dany po¢tem bitl.

Chovani pri preteceni (Wrap-Around):
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» Standardni celociselna aritmetika (jako v jazyce C) typicky resi preteceni otocenim (wrap-
around).
» Napf. pro 16bitové Cislo:
MAX + 1 — MIN

Toto vede k ndhlé a obrovské chybé v signalu (napt. kladné cislo se stane velkym zdpornym),
coz muze zpusobit nestabilitu filtru nebo chybné rizeni.

Saturace (Saturation)

Metoda rizeni preteceni, kterd je klicova pro DSP — misto otoceni se vysledek operace omezi
(saturuje) na maximalni (nebo minimalni) hodnotu daného formatu

* Pokud je vysledek vétsi nez X, ., nastavise na X, .-

» Pokud je vysledek mensi nez X

min. Nastavisena X, .

Vyhoda: Saturace zarucuje, Ze chyba v signalu je omezena a predvidatelna.

Instrukce na Cortex-M

Jadra Cortex-M4/M7 obsahuji dedikované instrukce pro saturujici s¢itani/odc¢itani (napr. SSAT,
QADD, QDADD) a nésobeni (soucast SIMD/DSP instrukci)

int32 t y = SSAT(x, 16);

Scitani/Odcitani:
» Primé celociselné sc¢itani/odcitani (pokud maji obé cisla stejny n).
__QADD16 - SIMD instrukce

» Udéla dveé saturujici 16bitova s¢itani v jednom taktu
* Pracuje vzdy pouze nad jednim 32bit slovem, kde jsou dvé hodnoty Q15

| highl6: ql15 t | lowl6: ql5 t |

int32 t A = (al << 16) | (uintl6 t)a0;
int32 t B = (bl << 16) | (uintl6_t)bO;
int32_ t C = _ QADD16(A, B);

arm_add_q15 - knihovni DSP funkce
» Nachazi se v CMSIS-DSP
* Implementuje vektorové s¢itani dvou Q15 poli
* Funguje pro libovolnou délku signélu

* Pokud je dostupné SIMD operace, pouZuje ji
Priklad:
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ql5 t a[3] = {30000, 20000, -32000},

gl5 t b[3] = {10000, 20000, -20000};

ql5 t r[3];

arm_add_qgl5(a, b, r, 3);

// r = {32767, 32767, -32768} « saturovano
Nasobeni

» Nésobeni dvou @, ¢isel dava @),,, (bitové dvojndsobnou) presnost.

» Pro zachovani puvodni presnosti (), je nutné vysledek posunout doprava o n bitt
(ekvivalent déleni 2™):
Vysledek = (Opl - Op2) > n
Cortex-M4/M7/M33 maji:
* SMLAD / SMLAD - Dual 16-bit multiply + accumulate (bez saturace)
e SMLSD - mix + saturace do 32 bitl

e SMUAD / SMUAD - Dual 16-bit multiply (bez akumulace)

Jak _ SMLAD funguje

Operatory jsou 32bit slova, v nich jsou dve Q15 cisla:

a=[ahi]alo]l // dvé intle t cCisla
b=1[bhi]| blo ]

Instrukce provede v 32 bitech, bez saturace.

result = a lo * b lo + a_hi * b hi + acc;

Cortex-M4/M7 maji DSP rozsireni zaloZzené na MAC operacich (Multiply-Accumulate) pro
akceleraci filtra.

CMSIS-DSP vétSinou déla:
e SIMD multiply + accumulate (dot product)

* Scalar saturating multiply (arm_mult _q15) pro jednotlivé prvky

Priklad
Spoéitej (1 X yl + 22 X y2) v jednom cyklu
gl5 t x1 = 10000; // 0.305 v Q15
ql5 t x2 = -5000; // -0.152 v Q15
ql5 t yl = 12000; // 0.366
ql5 t y2 = 3000; // 0.091
// Zabal dva Q15 prvky do 32-bit slova:
uint32 t A =  PKHBT(x1, x2, 16); // x1 = low, x2 = high
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uint32 t B =  PKHBT(yl, y2, 16);
int32 t acc = 0;

// SIMD: dvé nasobeni + sc¢itani, sum je v Q30 (protoze Q15 x Q15)
int32 t sum = SMLAD(A, B, acc);

// vysledek jako Q15:
int32 t gql5res = sum >> 15;

Jak vypada nasobeni v CMSIS-DSP?

void arm_mult ql5(
const ql5 t * pSrcA,
const ql5 t * pSrcB,
ql5 t * pDst,
uint32 t blockSize)

for (i=0; i<blockSize; i++) {
// Q15 x Q15 = Q30 - >>15 - Q15
g31 t product = ((g31_t)pSrcA[i] * pSrcB[i]) >> 15;
pDst[i] =  SSAT(product, 16);

K Zadné SIMD instrukci zde nedochazi — je to skaldrni implementace



2. FPU - jednotka pro operace v pohyblivé radové carce

FPU na STM32 platformach
Cortex-M4F: FPv4-SP (Single Precision)
e 32x 32-bit S-registry ( S0 - S31)
o Také pristupné jako 16x 64-bit D-registry ( DO - D15 )
* FPSCR - Floating Point Status and Control Register
Cortex-M7F: FPv) (Single + Double Precision)
» Stejné registry + podpora double-precision

» Lepsi vykon diky pipeline optimalizaci

Flagy pro kompilaci
* bez spravnych flagl pri kompilaci bude pouzita SW emulace, i kdyz je FPU k dispozici

-mfloat-abi=hard
-mfpu=fpv4-sp-d1l6
-mfpu=fpv5-sp-d16
-mfpu=fpv5-d16

AW N e

Ovéreni spravné kompilace a zapojeni FPU

void test fpu usage(void) {
float a = 1.0f, b = 2.0f, c;
c=a+b;

N N

}

Assembler by meél obsahovat funkci vadd.f32

vadd.f32 s2, s0, sl

-

Pokud obsahuje skok na emulovanou funkci, FPU se nepouZije

1| bl _ aeabi fadd

FPU registry
Cortex-M4F/M7F/M33F obsahuji FPU typu FPv4-SP-D16 nebo FPv5

Floating-point registry S0-S31

e 32 float32 registrt SO - S31, lze parovat do DO - D15 (64bit)
Rozdéleni:

e S0-S15: low 16 registra (FPv4-SP-D16)

e S16-S31: high 16 registru (ne kazdé MCU je ma - zavislé na implementaci)

10



FPSCR - Floating Point Status and Control Register

* flagy vyjimek (Invalid, ZeroDiv, Overflow, Underflow, Inexact)

* RMode - rounding mode (default: Round-to-Nearest)

FPCCR - Floating-Point Context Control Register

ASPEN - Automatic State Preservation Enable - HW automaticky uklada/obnovuje FPU registry
pri ISR

LSPEN - Lazy State Preservation Enable — registr FPU se ukladaji ,liné” = az kdyz ISR/funkce
skutecné pouzije FPU

UFRDY - FP ready status

MVFRO/MVFR1 - Media and Floating Point Feature Registers

Urcuji, co FPU vlastné umi:
* single-precision support
* double-precision support (u M4 nikdy, u M7/M33 obcas)
* SIMD extensions (u M4 nejsou v FPU - jen integer SIMD)

Pouziti FPU béhem ISR
A) Lazy stacking ON (default)
¢ MCU odlozi ulozeni FPU registru, dokud nejsou pouZzity

* prvni FPU instrukce v ISR vyvola ulozeni SO - S15
 overhead cca 20-40 cyklu navic, podle MCU

B) Lazy stacking OFF

 pri vstupu do ISR se vzdy ulozi S0 - S15
 overhead ~100+ cyklua (!)
Ukladé se minimélné SO - S15 a FPSCR — 17x4B = 68 bajtu zasobniku

11
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3. Priklad 1 - generator harmonického signalu

Cil

Generovat harmonicky signdl na MCU bez FPU a nebo s FPU

Pozadavky

* Vystup na R2R DAC (GPIO->0ODR), nejméné ve standardni audio kvalité

» Cilem je maximalné flexibilita - mozna zména frekvence

Obsah

1.

o Ok Wb

Realizace generatoru pomoci LUT

Analyza ARM assembleru (MCU bez FPU)

Vypocetni naroc¢nost se SW emulaci bez

FPU

Implementace pomoci pevné radové Carky

Generator harmonického signalu na MCU s FPU

Porovndéni plovouci vs. pevna radova carka

Realizace generatoru pomoci LUT

CLK

Fazovy akumulator

float32 —adresa % 255—»|

Sin LUT
256 x float32

(—amplituda—»|

prirustek
faze - float32

4a1kiz | T
L

DAC
12bitovy

Figure 1: Blokové schéma generatoru

Jak to funguje?

* v SRAM budou pripraveny predpocitané hodnoty sin

Analogovy
vystup

 CitaC bude v ISR volat funkci generate sample pro vypocet dalsiho vzorku

» vypocteny float vzorek se prevede na 12bitové uint32 t cislo a poSle na GPIO

1. C implementace

Jak velkou tabulku zvolit? Podle harmonického zkresleni.

64 vzorkl - THD
256 vzorkd - THD
1024 vzorkd - THD

-45 dB (256B paméti)
-65 dB (1 KB paméti)
-85 dB (4 KB paméti)

oo

static float sin_table[256];
static float phase = 0.0f;
static float phase increment = 0.0f;

12

- prijatelné zkresleni (60dB ~ 10bit DAC)
- dobra kvalita (80dB ~ 13bit DAC)
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// Inicializace lookup table
void oscillator init(float frequency, float sample rate) {
// Naplnéni sin tabulky
for (int i = 0; i < 256; i++) {
sin table[i] = sinf(2.0f * M PI * i / 256.0f);
}

// Vypocet prirlstku faze

phase_increment = (2.0f * M _PI * frequency) / sample_rate;
}
void generate sample(void) {

// 1. Normalizace faze na index tabulky

uint32 t index = (uint32 t)((phase / (2*M PI)) * 256);

// 2. Lookup sin hodnoty
float sample = sin table[index & 255];

// 3. Skdlovéni pro 12-bit DAC (0-4095)
uint32_t dac_value = (uint32 t)((sample + 1.0f) * 2048);

// 4. Vystup na GPIO (R2R DAC)
GPIOA->0DR = dac_value;

// 5. Aktualizace faze pro dalsi vzorek
phase += phase_increment;

// 6. Limit faze (zabranéni preteceni)
if (phase >= 2*M PI) {

phase -= 2*M PI;
}

X Float operace bez FPU = SW emulace X Kazda float operace = library call (~20-50 cycles)

X 6x float operace na vzorek = ~200+ taktu X Limit faze = podminéné vétveni (pipeline
stall)

2. Analyza ARM assembleru (MCU bez FPU)
STM32F103/F401/F042 - Cortex M3/M4 bez FPU

generate_sample:
push {r4, lr} ; Function prologue: 2 cycles
; --- 1. PHASE NORMALIZATION: phase / (2*PI) ---
ldr ro, =phase ; Load phase address: 1 cycle
ldr ro, [ro] ; Load phase value: 1 cycle
ldr rl, =0x40C90FDB ; Load 2*PI constant: 1 cycle
bl __aeabi fdiv ; SOFTWARE FLOAT DIVISION: 42 cycles!
; __aeabi fdiv: ; 32-bit float division

; Exponent extraction: 8 cycles
; Mantissa alignment: 12 cycles
; Division algorithm: 18 cycles
; Result normalization: 4 cycles
; TOTAL: ~42 cycles

; --- 2. MULTIPLY BY 256 ---
ldr rl, =0x43800000 ; Load 256.0f: 1 cycle

13
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bl __aeabi fmul

; __aeabi fmul:

; Mantissa multiply: 16 cycles
; Exponent addition: 6 cycles
; Normalization: 6 cycles

; TOTAL: ~28 cycles

; SOFTWARE FLOAT MULTIPLY: 28 cycles!
; 32-bit float multiply

; --- 3. FLOAT TO INTEGER CONVERSION ---

bl __aeabi f2uiz

; __aeabi f2uiz:
; Extract exponent: 4 cycles

; SOFTWARE FLOAT-UINT: 24 cycles!

; Float to unsigned int

; Shift mantissa: 8-16 cycles (variable)

; Range check: 4 cycles
; TOTAL: ~24 cycles (average)

--- 4. ARRAY INDEX & LOOKUP ---

and ro, r@, #255

ldr rl, =sin table

ldr ro, [rl, ro, 1sl #2]

; --- 5. DAC SCALING: (sample +
ldr rl, =0x3F800000

bl __aeabi fadd

; __aeabi fadd:

; Exponent alignment: 8 cycles
; Mantissa add: 4 cycles

; Normalization: 6 cycles

; TOTAL: ~18 cycles

ldr rl, =0x45000000
bl __aeabi_ fmul

; --- 6. FINAL FLOAT-INT ---
bl __aeabi f2uiz

; --- 7. GPIO WRITE ---

ldr rl, =0x4002000C

str ro, [rl]

; --- 8. PHASE INCREMENT ---
ldr ro, =phase

ldr r2, [ro]

ldr rl, =phase _increment
ldr ri, [rl1]

mov ro, r2

bl __aeabi fadd

; --- 9. PHASE WRAP CHECK ---
ldr rl, =0x40C90FDB

bl __aeabi fcmpge

cmp ro, #0

beq .L no wrap

; Phase wrap subtract

ldr rd, =phase

ldr r2, [ro]

ldr rl, =0x40C90FDB
mov ro, r2

; Mask to 8 bits: 1 cycle

; Load table address: 1 cycle

; sin_table[index]: 1 cycle (SRAM!)
1.0) * 2048 ---

; Load 1.0f: 1 cycle
; SOFTWARE FLOAT ADD: 18 cycles!

; Float addition

; Load 2048.0f: 1 cycle
; SOFTWARE FLOAT MULTIPLY: 28 cycles!

; SOFTWARE FLOAT-UINT: 24 cycles!

; GPIOA ODR address: 1 cycle

; Write to GPIO: 1 cycle

; Load phase address: 1 cycle

; Load current phase: 1 cycle

; Load increment address: 1 cycle
; Load increment value: 1 cycle

; Move phase to r@: 1 cycle

; SOFTWARE FLOAT ADD: 18 cycles!

; Load 2*PI: 1 cycle

; SOFTWARE FLOAT COMPARE: 12 cycles!
; Check result: 1 cycle

; Branch if no wrap: 1 cycle

cycle
cycle
cycle
cycle

R

14




79 bl __aeabi fsub ; SOFTWARE FLOAT SUBTRACT: 18 cycles!

80
st | .L no wrap:

82 ldr rl, =phase ; Store result back: 1 cycle
83 str ro, [rl] ; 1 cycle

84

85 pop {r4, pc} ; Function epilogue: 2 cycles

Casova analyza funkce pro generovani vzork

1| NejhorS8i pripad: 215 hodinovych taktd/vzorek
2 | Nelepsi pripad: 180 hodinovych taktl/vzorek
3 | Realisticky odhad: ~195 hodinovych taktl/vzorek

3. Vypocetni narocnost se SW emulaci bez FPU
STM32F103 @ 72 MHz

1| CPU frekcence: 72 MHz

2 | Hodinovy takt/vzorek: 195 (pramér)

3 | Max vzorkovaci fr.: 72,000,000 / 195 = 369 KkSPS

4

5 | Sample rate 8kHz: 195 cycles @ 8 kHz = 2.2% CPU OK

6 | Sample_rate 16kHz: 195 cycles @ 16 kHz = 4.3% CPU OK

7 | Sample_rate_ 22kHz: 195 cycles @ 22 kHz = 5.9% CPU OK

s | Sample rate 44kHz: 195 cycles @ 44 kHz = 11.8% CPU OK

o | Sample_rate_ 48kHz: 195 cycles @ 48 kHz = 13.0% CPU OK
MCU STM32F401 @ 84 MHz

1| CPU frekvence 84 MHz

2 | Max vzorkovaci fr.: 84,000,000 / 195 = 431 kSPS

3

4 | Sample rate 44kHz: 195 cycles @ 44 kHz = 10.1% CPU OK

5 | Sample_rate 96kHz: 195 cycles @ 96 kHz = 21.7% CPU OK

6 | Sample rate 192kHz: 195 cycles @ 192 kHz = 43.4% CPU a

4. Implementace pomoci pevné radové carky

static q31_t phase_increment q31 = 0; // 031 phase step

1 | typedef intl6 t ql5 t;

2 | typedef int32 t 31 t;

3

4| // Lookup table v Q15 format

5 | static ql5_t sin_table gql5[256]; // Kazdy element 2 bytes

6 | static q31 t phase q31 = 0; // 32-bit phase accumulator
7

8

9

// Inicializace Q15 tabulky
void oscillator _init gq15(uint32 t frequency, uint32 t sample_rate) {
// Naplnéni sin tabulky v Q15
for (int 1 = 0; i < 256; i++) {
float sin val = sinf(2.0f * M PI * i / 256.0f);
sin table g15[i] = (ql5 t)(sin val * 32767.0f);

[
w N o= o

—
'S
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}

// Phase increment v Q31 (32-bit precision)

// phase increment = (2731 * frequency) / sample rate
uint64 t temp = ((uint64 t)frequency << 31) / sample_rate;
phase _increment 31 = (q31 t)temp;

Funkce na generovani vzorku

» pouze celociselné operace

void generate sample ql5(void) {
// 1. Extract table index from upper 8 bits
uint32 t index = (phase_q31 >> 24) & OxFF;

// 2. Lookup sin value (Q15)
gql5 t sample ql5 = sin_table qgl5[index];

// 3. Convert Q15 to 12-bit DAC (0-4095)

// sample ql5 range: [-32768, +32767]

// DAC range: [0, 4095]

uint32_t dac_value = ((int32 t)sample ql5 + 32768) >> 4;

// 4. GPIO output
GPIOA->0DR = dac_value;

// 5. Phase increment (32-bit addition!)
phase g31 += phase_increment qg31;

// Automatic wrap at 2732 - no explicit check needed!

generate _sample ql5:
; --- 1. EXTRACT TABLE INDEX ---

ldr ro, =phase q31 ; Load phase address: 1 cycle
ldr ro, [ro] ; Load phase value: 1 cycle
lsr rl, r0, #24 ; Shift right 24 bits: 1 cycle
and rl, rl, #255 ; Mask to 8 bits: 1 cycle

; --- 2. TABLE LOOKUP ---

ldr r2, =sin_table ql15 ; Load table address: 1 cycle
ldrsh r2, [r2, rl, 1sl #1] ; Load Q15 value: 1 cycle

; --- 3. Q15 TO DAC CONVERSION ---

add r2, r2, #32768 ; Add offset: 1 cycle

lsr r2, r2, #4 ; Divide by 16: 1 cycle

; --- 4. GPIO WRITE ---

ldr rl, =0x4002000C ; GPIOA ODR: 1 cycle

str r2, [rl] ; Write: 1 cycle

; --- 5. PHASE INCREMENT ---

ldr rl, =phase 31 ; Phase address: 1 cycle

ldr r2, =phase_increment_q31 ; Increment address: 1 cycle
ldr r2, [r2] ; Load increment: 1 cycle

add ro, ro, r2 ; Add (32-bit): 1 cycle

str ro, [rl] ; Store new phase: 1 cycle
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bx ir ; Return: 1 cycle

Porovnani vykonnosti implementaci

Implementation Cycles/Sample Max Sample Rate @ 72 MHz Audio Performance
Float (no FPU) 195 cycles 369 kSPS 44kHz = 11.8% CPU
Q15 Fixed-Point 15 cycles 4.8 MSPS 44kHz = 0.9% CPU
Performance Gain 13x faster 13x higher 13x lower CPU

5. Generator harmonického signalu na MCU s FPU
Cil

* Implementace generatoru harmonického signalu s FPU

e Implementace v C zlstava stejna, pouze se zapoji FPU

* Béh float operaci ma na dedikované periferii vyznamné vétsi efektivitu

Testované platformy
« STM32F407 @ 168 MHz (Cortex-M4F s single-precision FPU)
« STM32F746 @ 216 MHz (Cortex-M7F s single/double-precision FPU)
e STM32H743 @ 480 MHz (Cortex-M7F s enhanced FPU)

Analyza ARM assembleru (MCU s FPU)

generate_sample:
; Phase normalization: phase / (2m)
vldr.32 s0, [phase_addr] ; 2 cycles - load phase
vldr.32 sl1, [two pi addr] ; 2 cycles - load 2m constant
vdiv.f32 s2, s0, sl ; 14 cycles - hardware division!
; Table index: result * 256
vldr.32 s3, [const 256 addr] ; 2 cycles - load 256.0f
vmul.f32 s4, s2, s3 ; 1 cycle - hardware multiply!

; Float to int conversion
vcvt.u32.f32 s5, s4 ; 1 cycle - hardware conversion!
vmov r@, s5 ; 1 cycle - move to ARM register

; Table lookup (SRAM access)

and r@, r0, #255 ; 1 cycle - mask to table size
ldr rl, =sin_table ; 1 cycle - table base address
ldr s6, [rl, r0, 1lsl #2] ; 2 cycles - load sin_table[index]
; DAC scaling: sample * 2048 + 2048

vldr.32 s7, [const 2048 addr] ; 2 cycles - load 2048.0f
vmul.f32 s8, s6, s7 ; 1 cycle - hardware multiply!
vadd.f32 s9, s8, s7 ; 1 cycle - hardware addition!

; Float to int for DAC output

vcvt.u32.f32 s10, s9 ; 1 cycle - hardware conversion!
vmov r2, sl0 ; 1 cycle - move to ARM register

17
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49

; GPIO write
ldr r3, =GPIOA ODR ; 1 cycle - GPIO base address
str r2, [r3] ; 1 cycle - write to GPIO->0DR

; Phase increment
vldr.32 s11, [phase_increment addr] ; 2 cycles - load increment
vadd.f32 s0, s0, sll ; 1 cycle - hardware addition!

; Phase wrap check: if (phase >= 2m)

vldr.32 sl1, [two pi addr] ; 2 cycles - load 2m

vcmp. 32 s0, sl ; 1 cycle - hardware compare!
vmrs APSR nzcv, FPSCR ; 1 cycle - move flags

blt skip wrap ; 1 cycle - conditional branch

; phase -= 2n

vsub.f32 s0, s0, sl ; 1 cycle - hardware subtraction!
skip wrap:

vstr.32 s0, [phase addr] ; 2 cycles - store phase

bx 1r ; 1 cycle - return

; TOTAL: ~46 cycles/sample (vCetné worst-case wrap)

Float operace s vyuzitim nebo bez vyuziti FPU

Operace MCU bez FPU MCU s FPU Zrychleni
Float operace 182 cycles 33 cycles 5.5x rychlejsi
celkem

Ostatni operace 13 cycles 6 cycles 2x rychlejsi
Celkovy vykon 195 cycles 39 cycles 5x rychlejsi

STM32F407 @ 168 MHz:
* Max sample rate: 168MHz / 39 = 4.3 MSPS
e Audio @ 44.1 kHz: 1.0% CPU utilization OK
* Audio @ 96 kHz: 2.2% CPU utilization OK
* High-speed DAC @ 1 MHz: 23% CPU utilization OK

STM32F746 @ 216 MHz:

* Max sample rate: 216MHz / 39 = 5.5 MSPS
¢ Audio @ 192 kHz: 3.5% CPU utilization OK
* Function gen @ 500 kHz: 18% CPU utilization OK

STM32H743 @ 480 MHz:
¢ Max sample rate: 480MHz / 39 = 12.3 MSPS []

18




6. Porovnani plovouci vs. pevna radova carka

Vykonnost implementace v hodinovych taktech na vzorek:

Implementation Cycles/Sample Relative Performance Code Complexity
Float (s FPU) 39 cycles 1.0x (baseline) Nejjednodussi
Q15 Fixed-Point 15 cycles 2.6x rychlejsi Stredné slozity
Q31 Fixed-Point 18 cycles 2.2 % rychlejsi Stredné slozity
Double (64-bit) 52 cycles 0.75x% (pomalejsi) Jednoduchy

Spotieba @ 44.1 kHz audio:

Implementation Core Power FPU Power Total Power Efficiency

Float s FPU 15 mA 8 mA 23 mA Good
Q15 integer 12 mA 0 mA 12 mA Excellent
Float bez FPU 45 mA 0 mA 45 mA Poor
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Priklad 2 - vzorkovani s antialiasingovym filtrem

Cil
Redukce aliasingu, MCU casto pracuji s nizkou vzorkovaci frekvenci, takze riziko
aliasingu je vysSsi nez u specializovanych DSP.

Pozadavky

» Vzorkovani audio signélu v rozsahu cca do 1000 Hz
* V tomto pasmo by mél byt signal minimalné zkreslen
* Mimo propustné pasmo by mél byt ttlum alespon 20dB

e Zaroven by ale mél mit filtr rozumy pocet koeficientu z duvodu vypocetni ndro¢nosti

Obsah

1. Priklad navrhu antialiasingového filtru

2. Manudlni implementace konvoluce v datovém typu float
3. Implementatace pomoci CMSIS-DSP
4

. Celkova naroc¢nost ulohy

1. Priklad navrhu antialiasingového filtru

Koeficienty FIR filtru Frekven¢ni charakteristika (amplituda)
Specifilsace filtru: . = Frekvencni charakteristika
0.08 " $°c_e;|l§’eﬁ'.c'e’,‘t“f f,l, 0 f— — Uziteny signal (1000 Hz)
o Ok"ﬁo: Kasisg:,e&':'z_ﬁ') Konec propustného pasma (1200 Hz)
« Zposdéni: 40 vzorkdi ~ — Zatatek nepropustného pasma (2300 Hz)
« Pamét: 0.63 KB -3 dB (polovigni vykon)
-10 -20 dB (potiaceni)
=
=
2 — —20
c o
9 004 =
o =
b c
8 Stredni koeficient 2 _30
< h[40] = 0.006631 o
2 N
2 o0.02
3
2 | -40
[ [ m l I
0.00 “.-?TTTI nh'.q ‘T T‘ ll.an nhh,.‘ Vykonnostni parametry:
l l l l ~5011 / signal 1000 Hz: +0.09 dB
+ Potlaceni >2300 Hz: 19.1 dB
7 CPU zatéz 10.6% @ 44.1 kHz
+ Pechodové pasmo: 1100 Hz
-0.02 - - - - - - - - - -60 - - g - - - -
0 10 20 30 40 50 60 70 80 0 500 1000 1500 2000 2500 3000 3500 4000
Index koeficientu n Frekvence [Hz]

Figure 2: Antialiasingovy filtr

Filtrace konvoluci signalu s impulsni odezvou filtru

#define N 4

float fir process basic(float *h, float *x) {
float output = 0.0f;
for (int k = 0; k < N; k++) {
output += x[k] * h[Kk];

}
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return output;

}

ql5 t fir process ql5 simd(ql5 t *h, g15 t *x) {
int32 t acc = 0;
for (int k = 0; k < N/2; k++)

{
uint32_t H = _ PKHBT(h[k], h[k+1], 16);
uint32 t X =  PKHBT(x[k], x[k+1], 16);
acc = _ SMLAD(H, X, acc);

}

return _ SSAT((acc >> 15), 16);

yln) = 3 hlk] - 2fn — ]
k=0

hoy ——"

x[n]

yIn]

z'—»  x[n-1]

hi1] — " i —\\\
e

hp —

z'—»  x|[n-2]

z'—»  x|[n-3]

h[3]

Figure 3: Algoritmus filtrace konvoluci

Definice konstant a struktur

// frekvence
#define AUDIO FREQUENCY 1000.0f // Hz - uZitecny signal

#define SAMPLING_RATE 44100.0f // Hz - audio standard

// Passband specifications

#define PASSBAND EDGE 1200.0f // Hz - preserve audio up to 1.5 kHz
#define PASSBAND RIPPLE 0.1f // dB - minimal audio distortion

// Stopband specifications

#define STOPBAND EDGE 2300.0f // Hz - reject above 2 kHz

#define STOPBAND_ ATTEN 20.0f // dB - ejection
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Struktura pro popis filtru

#define FILTER TAPS 81

typedef struct {
float coefficients[FILTER TAPS];
float delay line[FILTER TAPS];
uint32 t delay index;

y fir filter t;

2. Manualni implementace konvoluce v datovém typu float

#define BLOCK SIZE 64

void fir process block(fir filter t *filter, float *input block, float *output block) {
for (uint32 t n = 0; n < BLOCK SIZE; n++) {
output_block[n] = fir process sample(filter, input block[n]);
}
}

float fir process sample(fir_ filter_ t *filter, float input) {
filter->delay line[filter->delay index] = input;
float output = 0.0f;
for (uint32 t i = 0; i < FILTER TAPS; i++) {

uint32 t delay idx = (filter->delay index + i) % FILTER_TAPS;
output += filter->delay line[delay idx] * filter->coefficients[i];

filter->delay _index = (filter->delay index + 1) % FILTER TAPS;

return output;

Analyza vypocetni naroc¢nosti

STM32F103 (Cortex-M3, 72 MHz, bez FPU)

float mul cycles = 40; // Software emulation

float add cycles = 35; // Software emulation

mac_cycles = float mul cycles + float add cycles;

total cycles = FILTER TAPS * mac_cycles + 20; // 80*75+20 = 6020 cycles

cpu utilization = (float)(total cycles * SAMPLING RATE) / 72000000.0f * 100.0f;

Result: 37.0% CPU utilization

STM32F407 (Cortex-M4, 168 MHz, s FPU)

fmac_cycles = 4; // Hardware FPU MAC operation
total cycles = FILTER TAPS * fmac cycles + 15; // 80*4+15 = 335 cycles

cpu utilization = (float)(total cycles * SAMPLING RATE) / 168000000.0f * 100.0f;
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Result: 0.88% CPU utilization

3. Implementatace pomoci CMSIS-DSP

Inicializace knihovny a pomocnych proménnych

#include "arm_math.h"

// Pocet vzorkd zpracovavanych najednou
#define BLOCK SIZE 1000

// struktury pro popis filtri
arm_fir _instance f32 fir_ f32;
arm_fir instance ql5 fir q15;

// pracovni buffery

// koeficienty FIR filtru (vysledek syntézy, musi existovat po celou dobu existence filtru
static float32 t fir coeffs f32[FILTER TAPS];

// zpoZdovaci linka pro uloZeni historie vzorkl

static float32 t fir state f32[FILTER TAPS + BLOCK SIZE - 1];

// varianty pro datovy typ Q15
static q15 t fir coeffs ql5[FILTER TAPS];
static ql15_t fir_state ql5[FILTER_TAPS + BLOCK SIZE - 1];

Implementace ve float32

arm_status arm fir init f32(
arm_fir_instance f32 * S, // Ukazatel na instanci filtru
uintlé t numTaps, // Pocet koeficient(
float32_t * pCoeffs, // Ukazatel na koeficienty
float32 t * pState, // Ukazatel na state buffer
uint32 t blockSize // Velikost zpracovavaného bloku

);

void process audio block f32(float32 t *input, float32 t *output) {
arm_fir init f32(&fir_f32, FILTER TAPS, fir coeffs f32, fir state f32, BLOCK SIZE);
arm_fir f32(&fir 32, input, output, BLOCK SIZE);

Implementace v Q15

// funkce pro inicializaci filtru je podobnd, pouze s typem Q15

void process audio block gq15(ql5 t *input, 15 t *output) {
arm_fir init ql5(&fir_g15, FILTER TAPS, fir coeffs ql15, fir_state ql15, BLOCK SIZE);
arm_fir ql5(&fir_ql5, input, output, BLOCK SIZE);

Vypocetni naroc¢nosti CMSIS-DSP implementace

STM32F407 @ 168 MHz
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arm_fir f32() performance

cycles per _tap = 0.4f; // Documented by ARM

total cycles = (uint32_t) (FILTER TAPS * cycles per_tap); // 32 cycles
cpu util = (float) (total cycles * SAMPLING RATE) / 168000000.0f * 100.0f;
Result: 0.084% CPU utilization

arm_fir ql5() performance

cycles per tap = 0.25f; // Optimized Q15 implementation

total cycles = (uint32 t)(FILTER TAPS * cycles per tap); // 20 cycles
cpu util = (float) (total cycles * SAMPLING RATE) / 168000000.0f * 100.0f;

Result: 0.052% CPU utilization

4. Celkova narocnost ulohy

Implementation Platform Cycles/Sample CPU @ 44.1kHz Memory (bytes) Code Size
Manual STM32F103 6,020 37.0% 640 180
Manual STM32F407 335 0.88% 640 180
CMSIS Float32 STM32F407 32 0.084% 508 45
CMSIS Q15 STM32F103 35 0.21% 478 45
CMSIS Q15 STM32F407 20 0.052% 478 45
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Priklad 3 - FFT analyza pro prediktivni adrzbu

Cil
Real-time spektrdlni analyza vibraci stroje pro prediktivni udrzbu v pramyslové
vyrobe.

Pozadavky

» Senzor vibraci: 3osy akcelerometr
» Vzorkovaci frekvence: 10 kHz (zachyti mechanické vibrace az do 5 kHz)
FFT: 1024 vzorku (¢asové okno 102.4 ms)

e Aktualizace: 10 Hz (nové spektrum kazdych 100 ms)
 Cilova platform: STM32F407

Kritické frekvence k detekci

#define ROTATION FREQ BASE 30.0f // Hz - hlavni hridel @ 1800 RPM
#define BEARING INNER RACE 157.3f // Hz - defekt loZiska uvnitr
#define BEARING OUTER RACE 102.7f // Hz - defekt loZiska vné
#define BLADE PASS FREQ 240.0f // Hz - 8 lopatek x 30 Hz rotace
#define GEAR MESH FREQ 450.0f // Hz - kmity prevodovky

Spektralni signatury pro prediktivni tudrzbu rota¢niho stroje

ZDRAVY MOTOR

12 Nizké amplitudy, zakladni frekvence 12

1.0 1.0
Rotace
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ot
@
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)
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UJ\ A

e
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o
o

o
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NEVYVAZENI POSKOZENiI PREVODOVKY
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- ]
1
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: 0.8
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Figure 4: Spektrdlni signatury zavad

25



© o N e U R W N e

L S S S
N o Uk W N RO

Algoritmus vypoctu Fourierovy transformace

Diskrétni Fourierova Transformace

// DFT definice - primy vypoclet (proc je to pomalé)
complex_t dft _primo(float *vstup, uint32 t N, uint32 t k) {
complex_t vysledek = {0.0f, 0.0f};

// PROBLEM: Pro kazdy vystupni bin musime projit cely vstup

for (uint32 t n =0; n < N; n++) {
float uhel = -2.0f * M PI * kK * n / N; // Rotujici faktor
vysledek.real += vstup[n] * cosf(uhel); // Redlna slozka
vysledek.imag += vstup[n] * sinf(uhel); // Imaginarni sloZka

}

return vysledek;

}

// KLICOVY PROBLEM: O(N2) slozitost = katastrofa pro real-time
// Pro N=1024: 1,048,576 nasobeni - nemozZné v real-time
// Proto potrebujeme FFT algoritmus!

Radix-2 FFT algoritmus
Decimace v case (princip Divide-and-Conquer)
1. DIVIDE: N-bodovou vstupni sekvenci x(n) rozdélime na dvé N/2-bodové:
e Sudé indexy: x(0), x(2), x(4), ...
e Liché indexy: x(1), x(3), x(5), ...
2. CONQUER: Rekurzivné vypocitdme N/2-bodové DFT obou sekvenci
3. COMBINE: Vysledky spojime pomoci butterfly operace a twiddle faktoru

FFT Algoritmus - Zakladni princip

Butterfly Operace Dekompozice na stages Twiddle faktory Ws"k
U
a + Wxb X
° (X
. @)
b b X
° =
Ws"2
Vstup Stage 1 Vystup [w_N"k = e”(-j2nk/N) = cos(2mk/N) - j~sin(2nk/N)]

(bit-rev) 4-point FFT

Figure 5: Tlustrace Radix-2 FFT algoritmu

Zakladni stavebni prvky
Butterfly Operace Fundamentalni vypocetni jednotka FFT:

* 2 vstupy — 2 vystupy

* 1x s¢itdni + 1x odc¢itani + 1x komplexni nasobeni
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a + Wxb
a — Wxb

Vystup:
Vystup:

Twiddle Faktory Komplexni exponencidlni ¢leny pro spojovani mensich DFT:
Wk = el=2mk/N) = cos(21k/N) — j - sin(27k/N)

Decimation-in-Time (DIT) Vstupni sekvence je “decimovéna” podle c¢asovych indexu
(sudé/liché)

Manualni implementace FFT

Definice struktur potiebnych pro vypocet

typedef struct {
float real;
float imag;
} complex t;

typedef struct {
complex t data[1024];
uint32 t size;
uint32 t log size;

+ fft buffer t;

static fft buffer t fft input;
static fft buffer_t fft output;

Butterfly Operace - Srdce FFT

// Jeden radix-2 butterfly - zakladni stavebni kamen FFT

void butterfly radix2(complex t *data, uint32 t offset, uint32 t span) {
complex_t temp;
uint32 t idx1l = offset;
uint32 t idx2 = offset + span;

// Nacteni vstupl - butterfly ma 2 vstupy, 2 vystupy
complex_t a = datal[idx1]; // Horni véetev
complex t b = datal[idx2]; // Dolni vétev

// KLICOVA MATEMATIKA: Butterfly transformace

temp.real = a.real + b.real; // Soucet (konstruktivni interference)
temp.imag = a.imag + b.imag;

data[idx1] temp;

temp.real = a.real - b.real; // Rozdil (destruktivni interference)
temp.imag = a.imag - b.imag;
data[idx2] = temp;

// PROC TO FUNGUJE: Butterfly implementuje zdkladni DFT na 2 body
// Misto 4 nasobeni (2x2 DFT) mame jen 2 scitani + 2 odlitani
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Twiddle faktor - rotace v komplexni roviné

void aplikuj twiddle(complex t *data, uint32 t k, uint32 t N) {
// FYZIKALNI INTERPRETACE: Rotujeme fézor o uhel 2mk/N
float uhel = -2.0f * M PI * k / N;
float cos val = cosf(uhel); // Horizontalni slozka rotace
float sin val = sinf(uhel); // Vertikalni slozka rotace

// Komplexni ndsobeni = rotace + Skalovani

complex_t temp;

temp.real = data->real * cos val - data->imag * sin val; // Realna cast
temp.imag = data->real * sin val + data->imag * cos val; // Imaginarni cast

*data = temp;
}
// Bit-reversal addressing
void bit reverse copy(float *input, complex t *output, uint32 t N) {
for (uint32 t i = 0; 1 < N; i++) {
uint32 t reversed = bit reverse(i, 10); // log:(1024) = 10
output[reversed].real = input[i];
output[reversed].imag = 0.0f;

Hlavni cast FFT algoritmu

// Main FFT algorithm

void manual fft 1024 (float *input, complex t *output) {
// Step 1: Bit-reversal input
bit reverse copy(input, output, 1024);

// Step 2: FFT stages

for (uint32 t stage = 1; stage <= 10; stage++) {
uint32 t span = 1 << (stage - 1);
uint32 t groups = 1024 >> stage;

for (uint32 t group = 0; group < groups; group++) {
for (uint32 t element = 0; element < span; element++) {
uint32 t offset = group * span * 2 + element;
butterfly radix2(output, offset, span);

if (element > 0) {
apply twiddle(&output[offset + span], element, span * 2);
}

Vypocetni naro¢nost manualni implementace

// 1. Bit reversal: 1024 operaci
bit_reverse cycles = 1024 * 15; // ~15 cycles per reversal

// 2. Butterfly operace: 10 stages (log:2(1024) = 10), bez FPU
10x:
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| operace = 512; // 512 butterflies per stage celkem
| butterfly cycles += operace * 45; // ~45 cycles per butterfly
// Software float add/sub = 30-50 cycles each!

// 3. Twiddle factor vypocty

sin/cos compute = 100-200 cycles each!

twiddle cycles = 4608 * 80; // Kazdy twiddle = 80 cycles

// FAIL: Politdme sin/cos v real-time misto LUT!

total cycles = bit reverse cycles + butterfly cycles + twiddle cycles;
Vysledek: ~410,000 cycles pro jednu FFT

To je 2.44 ms @ 168 MHz

Pro 10 Hz update - 24.4% CPU - MARGINALNE MOZNE

FFT implementatace pomoci CMSIS-DSP

#include "arm_math.h"

// CMSIS-DSP FFT instance struktury
arm_rfft fast instance f32 fft instance f32; // Optimalizovana real FFT
arm_cfft radix4 instance q31 fft instance q31; // Fixed-point verze

// Pracovni buffery - optimalizované pro ARM

static float32 t fft input f32[1024];

static float32 t fft output f32[20481; // Complex output vyzaduje 2xN
static q31_t fft input q31[1024];

static 31 t fft output q31[2048];

// ENGINEERING MAGIC v CMSIS-DSP:

// 1. Twiddle faktory v LUT - Zadné sin/cos vypoclty

// 2. Butterfly algoritmus optimalizovany v assmebleru
// 3. NEON SIMD instrukce (4 operace paralelné)

// 4. Cache-friendly pristupy do paméti

// 5. Pipeline optimalizace pro ARM Cortex-M

Vypocet FFT v float32

arm_status init real fft f32(void) {
// Initialize 1024-point real FFT
arm_status status = arm_rfft fast init f32(&fft instance 32, 1024);

if (status != ARM_MATH SUCCESS) {
return status; // FAIL-SAFE: Always check ARM init status
}

return ARM MATH SUCCESS;
}

void process _spectrum f32(float32 t *time data, float32 t *magnitude_spectrum) {
// Execute FFT - SINGLE FUNCTION CALL!
// MAGIC: 410,000 cycles -» 3,190 cycles (128x rychlejsil!)
arm_rfft fast f32(&fft _instance f32, time data, fft output f32, 0);
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// Vypoclet spektra (amplituda)
arm_cmplx mag f32(fft output f32, magnitude spectrum, 512);

// RESULT: Kompletni spectrum v ~3,200 cycles
// =19 us @ 168 MHz = 0.19% CPU @ 10 Hz update
// VERSUS manual: 2,440 us = 24.4% CPU

Vypocet FFT v Q31

arm_status init_complex_ fft q31(void) {
// Initialize 1024-point complex FFT (Q31 fixed-point)
arm_status status = arm_cfft radix4 _init q31(&fft _instance q31, 1024, 0, 1);

return status;

}

void process spectrum g31(float32 t *input data, float32 t *magnitude spectrum) {
arm_float to g31(input _data, fft _input q31, 1024);

// Pad imaginary components (real input)
for (uint32 t i = 0; i < 1024; i++) {

fft input q31[2*i] = fft _input q31[i]; // Real part

fft input g31[2*i + 1] = 0; // Imaginary = 0
}

// Execute Q31 FFT
arm_cfft radix4 q31(&fft instance q31, fft input q31);

// Calculate magnitude and convert back to float
arm_cmplx _mag q31(fft input 31, fft output 31, 512);
arm_q31 to float(fft output 31, magnitude spectrum, 512);

Vypocetni naro¢nost implementace FFT v CMSIS-DSP
STM32F407 @ 168 MHz

// arm_rfft fast f32() - ARM measured na real hardware

fft _cycles = 2850; // ARM dokumentovany performance
magnitude cycles = 340; // arm_cmplx mag f32() pro 512 points
total cycles = fft cycles + magnitude cycles; // 3190 cycles

REALITA: 3,190 vs 410,000 cycles manual
- 128x RYCHLEJSI!

cpu utilization = (float)(total cycles * 10) / 168000000.0f * 100.0f;
Vysledek: 0.19% CPU @ 10 Hz update rate

Co to znamend?
- 99.8% CPU volné pro aplikaci

- Moznost real-time GUI + komunikace

30



N o U os W N e

o s W N e

N S

- Dlouhd zivotnost baterie

// arm_cfft radix4 q31() - optimalizovany fixed-point

fft cycles = 1920; // JESTE RYCHLEJSI neZ Float32!

magnitude cycles = 280; // Q31 mag je taky rychlejsi

conversion cycles = 150; // Float/Q31 conversions overhead

total cycles = fft cycles + magnitude cycles + conversion cycles; // 2350 cycles
PROC JE Q31 RYCHLEJSI NEZ FLOAT32?

1. Z4dnd FPU pipeline stalls

2. Fixed-point = integer ALU (rychlejsi nez FPU)

3. LepSi cache utilization (32-bit vs 32-bit, ale jiny pattern)

4. SIMD packed operations (4xQ31 v jedné instrukci)

cpu_utilization = (float)(total cycles * 10) / 168000000.0f * 100.0f;
Vysledek: 0.14% CPU @ 10 Hz update rate

Q31 = nejrychlejs$i volba pro embedded

Prakticka Aplikace - hledani signatur vibraci toc¢ivého stroje

* Frekvencni rozsah a rozhliSeni jsou ddny vzorkovaci frekcenci a délkou FFT

* Informace o maximech budou ulozen v poli struktur, kde index odpovida zacatku
spektralniho binu (subpdsma)

float calculate frequency bin(uint32 t bin_index, uint32 t fft size, float sample_rate) {
return (float)bin_index * sample_rate / fft_size;

Struktura pro popis peaku ve spektru

typedef struct {
uint32_t bin_index;
float frequency hz;
float magnitude;
float amplitude db;
} spectral peak t;

Detekce spektralnich peaku

uint32 t detect spectral peaks(float32 t *magnitude spectrum,
spectral peak t *peaks,
uint32 t max_peaks) {
uint32 t peak count = 0;
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float threshold = 0.1f; // Minimalni threshold pro peak
// Jednoduchy peak detection algoritmus

for (uint32 t i = 2; 1 < 510 &

// PEAK KRITERIA: VyssSi nez

if (magnitude spectrum[i] >

magnitude spectrum[i] >

magnitude spectrum[i] >

sousedi + nad threshold
magnitude spectrum[i-1] &&
magnitude spectrum[i+1] &&
threshold) {

peaks[peak count].bin index = i;
peaks[peak count].frequency hz =
peaks[peak count].
peaks[peak count].

peak count++;

}
}

return peak_count;

peak count < max peaks; i++) {

calculate frequency bin(i, 1024, 10000.0f);
magnitude = magnitude spectrum[i];
amplitude db = 20.0f * loglOf(magnitude spectrum[i] + le-12f);

Kvantifikovana vypocetni naroc¢nost

Implementation Platform Cycles/FFT CPU @ 10Hz Memory (KB) Real-time
Manual STM32F407 410,000 24.4% 20.0 Marginal []
CMSIS Float32 STM32F407 3,190 0.19% 14.4 Excellent OK
CMSIS Q31 STM32F407 2,350 0.14% 14.5 Optimal OK
Manual STM32F103 850,000 118% 20.0 Impossible X
CMSIS Q31 STM32F103 4,200 5.8% 14.5 Good OK
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Priklad 4 - 10pasmovy audio EQ
Cil

Real-time 10pasmovy parametricky EQ pro audio mixazni pult zalozeny na embedded platformé

Systémové specifikace
* Vstup: audio signal @ 48 kHz
* Processing: 10 frekvenc¢nich pasem s nezavislou kontrolou zesileni
e Platforma: STM32H743 @ 400 MHz

Obsah

1. Definice pasem pro EQ
Architektura banky filtru - biquad filtry
Vypocet koeficientu IIR filtru

Manudlni implementace

o s Wb

Implementace pomoci CMSIS-DSP

Princip funkce EQ
* Vstupni data jsou postupné filtrovéna IIR filtry

» Z dlvodu jednoduchosti implementace jsou pouzity dvoupolové (biquaid filtry)

 Vystup je vytvoren mixem filtrovanych signalu

Biquaid filtr

Standardni prenosova funkce:

by + by 27t +byz?
ag + a2t + ayz72

H(z) =

Parametry, ze kterych pak vypocitame koeficienty:
* centralni frekvence f,
+ Sirka pasma (Quality factor) ()

* zesileni gain

Definice konstant a struktury pro popis filtru

#define NUM_EQ BANDS 10
#define SAMPLE RATE 48000.0f
#define BLOCK SIZE 64

static const float band centers[NUM EQ BANDS] = {
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Figure 6: Princip funkce ekvalizéru
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Figure 7: Frekvencni charakteristiky biquad filtru
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31.25f, 62.5f, 125.0f, 250.0f, 500.0f,
1000.0f, 2000.0f, 4000.0f, 8000.0f, 16000.0f
};

// Sirka pdsma (Q - quality faktor), Q=0.717 minimalizuje overlap mezi sousednimi p&smy
static const float band q factors[NUM EQ BANDS] = {

0.717f, 0.717f, 0.717f, 0.717f, 0.717f,

0.717f, 0.717f, 0.717f, 0.717f, 0.717f

+
typedef struct {
float b0, bl, b2; // Citatel koeficienty (feedforward)
float al, a2; // Jmenovatel koeficienty (feedback) - a@ normalizovdno na 1
float x1, x2; // Vstupni delay line (pamét)
float yl, y2; // Vystupni delay line (zpétna vazba)

} biquad filter t;

10-pasmovy Audio EQ - Frekven¢ni charakteristika
Jednotliva EQ pasma - Peaking filtry

—— P&smo 1: 31.5 Hz (+0 dB)
~—— P&smo 2: 63 Hz (+3 dB)
—— P&smo 3: 125 Hz (-2 dB)
= P&smo 4: 250 Hz (+6 dB)
= P&smo 5: 500 Hz (-4 dB)
—— P&smo 6: 1000 Hz (+2 dB)
== P&smo 7: 2000 Hz (-1 dB)
= P&smo 8: 4000 Hz (+5 dB)
Pasmo 9: 8000 Hz (-3 dB)
= Pasmo 10: 16000 Hz (+4 dB)

Zisk [dB]

10t 10? 10° 10* 10°

Frekvence [Hz]
250 Fiz]
+6dB
(0600 Hz)
[
16000 Hz
+4ds

== Celkova EQ charakteristika

@ Vysledna frekvenéni charakteristika EQ
+3 dB|

1000 Hz|
+2dB | (2000 Hz|
-1d8
(8000 Hz|
-3dB

Celkovy zisk [dB]

10t 10? 10° 10% 10°
Frekvence [Hz]

Figure 8: Kmitoctova charakteristika ekvalizéru

Vypocet koeficientu IIR filtru

void calculate coefficients(biquad filter t *filter, float f_center, float g factor, float
{

// AUDIO ENGINEERING: dB gain - amplitude ratio

float A = powf(10.0f, gain / 40.0f); // 40 = 20*2 (voltage vs power)

// Digital frequency (0 to m)
float omega = 2.0f * M PI * f center / SAMPLE RATE;
float sin_omega = sinf(omega);
float cos _omega = cosf(omega);
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// BANDWIDTH PARAMETER: alpha urcuje sirku pasma
float alpha = sin omega / (2.0f * q factor);

// COOKBOOK FORMULAS pro peaking EQ:
// GENIUS: Robert Bristow-Johnson cookbook equations

filter->b0 = 1.0f + alpha * A; // DC + boost

filter->bl = -2.0f * cos_omega; // Frequency positioning
filter->b2 = 1.0f - alpha * A; // Nyquist response

// STABILITY CRITICAL: Normalizace prevent overflow

float a@ = 1.0f + alpha / A; // Denominator normalization
filter->al = -2.0f * cos _omega / a0; // Normalized pole position

filter->a2 = (1.0f - alpha / A) / a@; // Normalized pole radius

// Final coefficient normalization
filter->b0 /= a0;
filter->bl /= a0;
filter->b2 /= a0;

Zpracovani jednoho pasma

float process biquad(biquad filter t *filter, float input) {
// KROK 1: vypocet w[n] (internal node)
// wln] = x[n] - al*w[n-1] - a2*w[n-2]
float w = input - filter-=al * filter->x1 - filter->a2 * filter->x2;

// KROK 2: vypocet vystupu
// y[n] = bO*w[n] + bl*w[n-1] + b2*w[n-2]
float output = filter->b0 * w + filter->bl * filter->x1 + filter->b2 * filter->x2;

// KROK 3: aktualizace zpoZdéni

// Pozor na poradi: posun zprava do leva, aby nedoSlo k prepsani
filter->x2 = filter->x1; // wln-2] = w[n-1]

filter->x1 = w; // wln-1] = w[n]

return output;

Vypocetni naroc¢nost: ~11 cykll na vzorek na jeden filtr
 5x nasobeni (5 cykli @ HW néasobicce)
* 4x sCitani (4 cykla)
e 2x uklddéni do paméti (2 cykly)

Varianta pro blokové zpracovani

void process biquad block(biquad filter t *filter,
float *input,
float *output,
uint32 t block size) {
// OPTIMALIZACE: kandidat na loop unrolling
for (uint32 t n = 0; n < block size; n++) {
output[n] = process biquad(filter, input[n]);

}
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// COMPILER HINT: Predpokladame aligned arrays pro vectorization
// MEMORY ACCESS PATTERN: Sequential = cache friendly

// ALTERNATIVE APPROACH: Vectorized implementace mozZna
// ale slozitéjsi kvili cross-sample dependencies v IIR filtrech

Manualni implementace EQ

Vypocetni naroc¢nost:
e Filtrace: 10 pasem X 64 vzorka x 11 cyklt = 7,040 cykla
e Mixovani: 64 vzorku x 10 pasem X 2 cykly = 1,280 cykla
e Celkem: ~8,320 cyklu na blok (a kanéal)

Pamétové naroky:
* 10 biquads x 8 floats = 320 bytu na kanal
» Vystupy pasem: 10 X 64 x 4 = 2560 bytu na kanal

Struktura pro popis kanalu (mono)

typedef struct {
biquad filter t bands[NUM EQ BANDS]; // Individual band filters
float gains[NUM _EQ BANDS]; // Band gain settings (dB)
float band outputs[NUM EQ BANDS][BLOCK SIZE]; // Intermediate outputs
float mixed output[BLOCK SIZE]; // Final mixed output

} manual equalizer t;

Inicializace filtra - poc¢atecni gain 0 dB

void init manual equalizer(manual equalizer t *eq) {

for (uint32 t band = 0; band < NUM EQ BANDS; band++) {
eq->gains[band] = 0.0f; // Flat response initially

calculate coefficients(&eq->bands[band], band centers[band], band q factors[band], |0.0f);
// Nastaveni zpoZdovaci linky vstupu na @ pro prevenci artefaktd

eq->bands[band] .x1 = 0.0f;
eg->bands[band].x2 = 0.0f;

Aktualizace filtru pri zméné gainu

void update equalizer band(manual equalizer t *eq, uint32 t band, float gain db)
// Rekalkulace koeficient( mizZe zplsobit audio glitch béhem update
calculate coefficients(&eq->bands[band], band centers[band], band q factors[band], gainp db);
}

// Mozné zlepsni: Gain smoothing - interpolation mezi novymi a starymio koeficienty
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Hlavni funkce

// KROK 1: separatni zpracovani kazdého pasma
// Zpracovani je mozné sekvencné nebo paralelné (mozné diky CMSIS optimalizaci)
for (uint32 t band = 0; band < NUM EQ BANDS; band++) {
process_biquad block(&eq->bands[band],
input, // Stejny vstup pro vSechna pasma
eq->band outputs[band], // Separatni vystup s filtrovanymi pasmy
block size);

}

// KROK 2: Mix vsech pasem dohromady
for (uint32 t n = 0; n < block size; n++) {
float sum = 0.0f;

// Problém s vykonnosti - vnitrni smycka obsahuje 2D pole -> mozZné problémy pro cac¢he

for (uint32 t band = 0; band < NUM_EQ BANDS; band++) {
sum += eq->band outputs[band][n];

}

// prevence saturace (clipping)

output[n] = sum / NUM EQ BANDS;

Vypocetni narocnost manualni implementace na STM32H743 @ 400 MHz

// Biquad processing: 10 bands x 64 samples x cycles per sample

biquad cycles per sample = 12; // 5 MAC + overhead + memory access

biquad total cycles = NUM EQ BANDS * BLOCK SIZE * biquad cycles per_ sample;
// ENGINEERING BOTTLENECK ANALYSIS:

- 5 floating point operations per sample per biquad

- STM32H743 md hardware FPU - 1 cycle per operation theoretical

- REALITY: Memory access + pipeline stalls = 2-3x overhead

// Band mixing: 64 samples x 10 bands to sum
mixing cycles = BLOCK SIZE * NUM EQ BANDS * 2; // Add + average

// MIXING BOTTLENECK:

- Nested loops = poor cache locality

- 640 floating point additions

- Division operation pro averaging = expensive (20+ cycles each)

overhead cycles = 200; // Memory operations a loop overhead, conservative estimate
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total cycles per block = biquad total cycles + mixing cycles + overhead cycles = 9,160 cycles p

// Real-time analyza

block time us = (float)BLOCK SIZE / SAMPLE RATE * 1000000.0f; // 1333 ps @ 48 kHz
processing time us = (float)total cycles per block / 400000.0f * 1000.0f; // 22.9 us
cpu utilization = processing time us / block time us * 100.0f; // 1.72% per channel

Implementace pomoci CMSIS-DSP
Vyhody pouziti CMSIS-DSP:
1. Optimalizované smycky (rucni optimalizace ARM instrukci), masivni vyuziti SIMD
2. Cache-friendly vyuziti paméti, optimalizace pipeline pro architekturu ARM Cortex-M

3. Optimalizované ulozeni instanci filtra

// CMSIS-DSP biquad instances - optimalizované struktury

arm_biquad casd dfl inst f32 eq_bands_ left[NUM EQ BANDS];

arm_biquad casd dfl inst q31 eq_bands right[NUM_EQ BANDS];

// Coefficient a state arrays - ARM optimalized layout

static float32 t biquad coeffs f32[NUM EQ BANDS][5]; // b0O,bl,b2,al,a2 per band
static float32 t biquad states f32[NUM EQ BANDS][4]; // Internal states (optimized)
static q31_t biquad coeffs gq31[NUM EQ BANDS][5]; // Q31 coefficients

static q31 t biquad states g31[NUM EQ BANDS][4]; // Q31 states

// Working buffers - cache-aligned pro performance
static float32 t band buffers f32[NUM EQ BANDS][BLOCK SIZE];
static q31_t band buffers q31[NUM EQ BANDS][BLOCK SIZE];

CMSIS-DSP implementace ve float32

arm_status init cmsis equalizer f32(void) {
arm_status status;

for (uint32_t band = 0; band < NUM_EQ BANDS; band++) {
// Initialize biquad coefficients (unity gain initially)
update cmsis band f32(band, 0.0f); // 0 dB gain

// Initialize CMSIS-DSP biquad instance

// OPTIMIZATION: Single stage = optimal pro parametric EQ

status = arm_biquad cascade dfl init f32(&eq bands left[band],
1, // Single stage (optimal)
biquad coeffs f32[band],
biquad states f32[band]);

if (status != ARM MATH SUCCESS) {

return status;
}
}

return ARM_MATH_SUCCESS;
}
void update cmsis band f32(uint32 t band, float gain db) {
// Calculate coefficients using stejnou matematik jako manual implementation
biquad filter_ t temp filter;
calculate coefficients(&temp filter,
band centers[band],
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band q factors[band],
gain_db);

// Convert to CMSIS format: [bO, bl, b2, al, a2]

// CMSIS CONVENTION: Normalizované denominatory (a0 = 1)
biquad coeffs f32[band][0] = temp filter.bO;

biquad coeffs f32[band][1] temp_filter.bl;

biquad coeffs f32[band][2] temp filter.b2;

biquad coeffs f32[band][3] temp filter.al;

biquad coeffs f32[band][4] temp_ filter.a2;

}
void process cmsis equalizer f32(float32 t *input, float32 t *output) {

// Paralelni zpracovani pasem diky CMSIS-DSP
for (uint32_t band = 0; band < NUM_EQ BANDS; band++) {
arm _biquad cascade dfl f32(&eq bands left[band],
input, // Input signal
band buffers_f32[band], // Band output
BLOCK SIZE);
}

// Mix pasem CMSIS vektorovych operaci - velmi rychlé
arm_fill f32(0.0f, output, BLOCK SIZE);

for (uint32_t band = 0; band < NUM_EQ BANDS; band++) {

// vektorizace: 4 operace na instrukci

arm_add f32(output, band buffers f32[band], output, BLOCK SIZE);
b

// prevence clippingu
float32 t scale factor = 1.0f / NUM_EQ BANDS;

// vektorizované skalovani
arm_scale f32(output, scale factor, output, BLOCK SIZE);

// Vysledek: 480 cykld vs 9,160 manual = 19x rychlejsi!

CMSIS-DSP implementace ve Q31

arm_status init cmsis_equalizer g31(void) {
arm_status status;
for (uint32_t band = 0; band < NUM_EQ BANDS; band++) {
update _cmsis band g31(band, 0.0f); // pocatecni inicializace s gainem 0dB

status = arm_biquad cascade dfl init gq31(&eq bands_right[band],
1, // Single stage
biquad coeffs g31[band],
biquad states g31[band],
2); // Post-shift for Q31
if (status !'= ARM MATH SUCCESS)
return status;
}
return ARM_MATH_ SUCCESS;
}

void update cmsis band q31(uint32 t band, float gain db) {
// Calculate float coefficients first
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biquad filter t temp filter;

float32 t temp coeffs[5] = {

temp_filter.b0, temp_ filter.bl, temp filter.b2, temp filter.al, temp filter.a2
b
arm_float to qg31(temp coeffs, biquad coeffs g31l[band], 5);

}
void process cmsis equalizer g31(q31 t *input, 31 t *output) {

for (uint32 t band = 0; band < NUM EQ BANDS; band++) {
arm_biquad cascade dfl q31(&eq _bands right[band],
input,
band buffers g31[band],
BLOCK SIZE);

arm_fill g31(0, output, BLOCK SIZE);

for (uint32 t band = 0; band < NUM _EQ BANDS; band++) {
arm_add g31l(output, band buffers g31l[band], output, BLOCK SIZE);
}

g31 t scale q31 = (q31 t)(Ox7FFFFFFF / NUM_EQ BANDS);
arm_scale g31l(output, scale q31, 1, output, BLOCK SIZE);

calculate coefficients(&temp filter, band centers[band], band q factors[band], gain _db};

Vypocetni narocnost reseni s CMSIS-DSP
STM32H743 @ 400 MHz

// arm biquad cascade dfl f32() - measured cycles per sample
cycles per sample per stage = 0.6f; // ARM dokumentovany performance

total biquad cycles = NUM EQ BANDS * BLOCK SIZE * cycles per sample per stage;
VECTORIZATION: arm_add f32 = 4x parallel operations

vector _add cycles = NUM EQ BANDS * BLOCK SIZE * 0.15f; // arm_add f32

vector _scale cycles = BLOCK SIZE * 0.12f; // arm_scale f32

// Manual loop: 1 add per cycle per element
// CMSIS vector: 4 adds per cycle (SIMD packed operations)

total cycles = total biquad cycles + vector add cycles + vector scale cycles;
// Vysledek: 10 x 64 x 0.6 + 10 x 64 x 0.15 + 64 x 0.12 = 480 cycles per block

processing time us = (float)total cycles / 400.0f; // 1.2 us
block time us = (float)BLOCK SIZE / SAMPLE RATE * 1000000.0f; // 1333 us

cpu utilization = processing time us / block time us * 100.0f; // 0.09% per channel

Vysledek: 22.9 us - CMSIS: 1.2 us = 19x FASTER
// arm_biquad cascade dfl g31() - optimalizovany fixed-point
cycles per _sample per stage = 0.4f; // LepSi performance nez Float32
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total biquad cycles = NUM EQ BANDS * BLOCK SIZE * cycles per sample per stage;
// Q31 vector operations (slightly faster than Float32)

vector _add cycles = NUM EQ BANDS * BLOCK SIZE * 0.12f;

vector scale cycles = BLOCK SIZE * 0.10f;

total cycles = total biquad cycles + vector _add cycles + vector _scale cycles;
// Vysledek: 10 x 64 x 0.4 + 10 x 64 x 0.12 + 64 x 0.10 = 333 cycles per block

cpu utilization = total cycles / 400.0f / 1333.0f * 100.0f; // 0.06% per channel

Real-time Audio Processing Application

#define AUDIO CHANNELS 2 // Stereo
#define DMA BUFFER SIZE (BLOCK_SIZE * 2) // Double buffer
// Audio I/0 buffers
static float32_ t audio_input buffer[DMA BUFFER SIZE * AUDIO CHANNELS];
static float32 t audio output buffer[DMA BUFFER SIZE * AUDIO CHANNELS];
static volatile uint32 t audio_buffer ready = 0;
// User interface control
typedef struct {
float band gains[NUM EQ BANDS]; // Current band gain settings (dB)
uint32 t bypass_enabled; // EQ bypass flag
float master_gain; // Master output gain (dB)
} eq_control interface t;
static eq _control interface t eq controls = {
.band gains = {0.0f, 0.0f, 0.0f, 0.0f, 0.0f, // Initialize to 0 dB
0.0f, 0.0f, 0.0f, 0.0f, 0.0f},
.bypass _enabled = 0,
.master _gain = 0.0f
}i
ISR
// Audio DMA interrupt - triggered every 1.33 ms (64 samples @ 48 kHz)
void AUDIO DMA HalfComplete IRQ(void) {
audio buffer ready = 1; // First half ready for processing
}
void AUDIO DMA Complete IRQ(void) {
audio buffer ready = 2; // Second half ready for processing
}

// Main processing function called from DMA ISR
void process audio block isr(void) {
uint32 t buffer offset = (audio buffer ready == 1) ? 0 : BLOCK SIZE;

// Extract left and right channels
float32 t left input[BLOCK SIZE], right input[BLOCK SIZE];
float32_t left output[BLOCK SIZE], right output[BLOCK SIZE];

// Deinterleave stereo input
for (uint32 t n = 0; n < BLOCK SIZE; n++) {
left _input[n] = audio input buffer[buffer offset + n * 2];
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right_input[n] = audio input buffer[buffer offset + n * 2 + 1];
}
// Apply equalizer processing
if (!eq_controls.bypass enabled) {
process _cmsis_equalizer f32(left input, left output);
process cmsis equalizer f32(right input, right output);
} else {
// Bypass mode - copy input to output
arm_copy_ f32(left input, left output, BLOCK SIZE);
arm_copy_f32(right input, right output, BLOCK SIZE);
}

// Apply master gain

if (eq_controls.master gain !'= 0.0f) {
float32 t gain linear = powf(10.0f, eq controls.master gain / 20.0f);
arm_scale f32(left output, gain_linear, left output, BLOCK SIZE);
arm_scale f32(right output, gain linear, right output, BLOCK SIZE);

}

// Interleave stereo output

for (uint32 t n = 0; n < BLOCK SIZE; n++) {
audio output buffer[buffer offset + n * 2] = left output[n];
audio_output_buffer[buffer offset + n * 2 + 1] = right _output[n];

Uzivatelské presety

typedef enum {
EQ PRESET FLAT,
EQ PRESET ROCK,
EQ PRESET JAZZ,
EQ PRESET CLASSICAL,
EQ PRESET VOCAL
} eq preset t;

void apply equalizer preset(eq preset t preset) {

float preset gains[5][NUM_EQ BANDS] = {
{0, 0, 0, 0, 0, 0, 0, 0, 0, 0}, // Flat
{3, 2, -1, -2, 1, 2, 3, 4, 3, 2}, // Rock
{1, 1,0, 1, 2,1, 0, -1, 1, 2}, // Jazz
{2, 1, -1, o, 1, 0, -1, 2, 3, 2}, // Classical
{-2, -1, 1, 3, 4, 3, 1, -1, -2, -1} // Vocal

}

if (preset < 5) {
for (uint32 t band = 0; band < NUM_EQ BANDS; band++) {
set _equalizer band gain(band, preset gains|[preset][band]);

}

Kvantifikované vysledky implementaci
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Implementation Platform Cycles/Block CPU per Channel Stereo CPU Memory (KB)
Manual STM32H743 9,160 1.72% 3.44% 5.2
CMSIS Float32 STM32H743 480 0.09% 0.18% 3.3
CMSIS Q31 STM32H743 333 0.06% 0.12% 3.1
Manual STM32F407 15,200 7.2% 14.4% 5.2
CMSIS Q31 STM32F407 520 0.25% 0.50% 3.1
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