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Caractérisation temporelle du signal audio

Vcc = 1,18V

Vmoy = 1,24mV

Durée = 5min52s

50s



Caractérisation temporelle du signal audio



Caractérisation fréquentielle du signal audio

Fmax du signal ?

Critère à utiliser ?



Caractérisation fréquentielle du signal audio

Fmax du signal ?

Critère à utiliser ?




Caractérisation fréquentielle du signal audio

12kHz




Cahier des charges
Signal audio analogique

• Largeur du spectre : 0 à 12KHz


• Théorème de Shannon ? 

• Valeurs du signal : 


• Nécessité d’une tension de décalage ?

−1V → 1V
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Tension de décalage

A-t-on le choix ?


Tension de décalage déjà présente 
sur la carte développement


Entrées/sorties :

• BNC1 / jack

• BNC2



Tension de décalage
Raisonnement qualitatif :

• Rôle de C1 ?

• Valeur de V1 ?

• Rôle de C2 ?

• Rôle de la diode ?


Calculs :
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Tension de décalage
Simulation LTSpice

Entrée : signal sinusoïdal, Vmoy=0V, VCC=2V, f=12KHz  

Montage fonctionnel ?



Tension de décalage
Mesure avec une sonde (Picoscope)

Entrée : 
Vcc=2V


Vmoy=21mV


Sortie : 
Vcc=1,94V


Vmoy = 1,24V




Vmoy = 2,5V


Raison ?


≠



Tension de décalage
Mesure avec une sonde (Picoscope)

Indice :  
impédance d’entrée du Picoscope

Ze ≈ 1MΩ

Test tikz
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Cahier des charges
Tension de décalage

• Largeur du spectre : 0 à 12KHz


• Théorème de Shannon :    

• Valeurs du signal : 


• Nécessité d’une tension de décalage :


• Plage de tension après décalage : 

fe ≥ 2.fmax → fe ≥ 24KHz

−1V → 1V
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Project Global Ressources
RefMux

• BandGap ?


• Vdd/2 ?


• P2[4] et P2[6] ? 

• Influences de ce réglage ?


• AGND : masse des blocs analogiques


• RefLo -> RefHi : plage de tension d’entrée des 
blocs analogiques 

• Réglage adapté ?


•  


•



Project Global Ressources
RefMux

• Ve = -1V -> 1V 

• Après décalage (2,5V) : 1,5 -> 3,5V 

• Amplificateur de gain 2


• Résultat?



Project Global Ressources

1,7V

4,8V



Project Global Ressources
RefMux

• Ve = -1V -> 1V 

• Après décalage (2,5V) : 1,5 -> 3,5V 

• Amplificateur de gain 2


• 


• 


• Résultat?

(1,5 − AGND) * 2 + AGND = 1,7V

(3,5 − AGND) * 2 + AGND = 5,7V

Erreur de raisonnement !



Cahier des charges
RefMux

• Largeur du spectre : 0 à 12KHz


• Théorème de Shannon :    

• Valeurs du signal : 


• Nécessité d’une tension de décalage :  


• Plage de tension après décalage : 


• Plage de tension en entrée du CAN :  

fe ≥ 2.fmax → fe ≥ 24KHz

−1V → 1V

Voffset ≥ 1V → Voffset = 2,5V

1,5V → 3,5V

0V → 5V
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−1V → 1V

2,5V

0V → 5V
1,5V → 3,5V



Conversion Analogique Numérique
Plage entrée ? (Mini-prog)

0V

4,5V



Conversion Analogique Numérique
Plage entrée ? (Alimentation ext.)

0V

4,8V
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Choix du Convertisseur
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Figure 7  ADC Resolution Options 
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Select the resolution based on system requirements; SNR 
is the key feature of accurate data. All of the incremental 
and delta sigma ADCs integrate noise and have lower 
aperture error than the SAR.  

Sample Rate 
PSoC ADCs are characterized with a data clock of 2.0 
MHz and have better linearity at this clock rate than with a 
data clock of 8.0 MHz, but one-fourth the sample rate. The 
maximum sample rates for incremental converters are 
determined by the number of bits. The full range of PSoC 
ADC sample rate vs. resolution for a data clock frequency 
of 8.0 MHz is shown in Figure 8. The highest sample rates 
are attained using double modulator delta sigma 
converters. The sample rates shown in Figure 8 are 
maxima.  

Figure 8  Maximum Sample Rate vs. Resolution Options 
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Delta sigma ADCs with double modulators (DS_2) can 
have significantly higher sample rates than single 
modulator (DS_1) implementations. While double 
modulators (INC_2) can yield improved SNR in 
incremental ADCs over single modulator implementations 
(INC_1), they yield no improvement in sample rate, as it 
still takes 2n samples to complete the conversion. 

The ADCINCVR, DualADC, and TriADC sample rates can 
be adjusted (downwards) by setting the CalcTime 
parameter in the User Module. DelSig, DELSIG8, and 
DELSIG11 sample rates can be adjusted by changing the 
resolution, setting the timer maximum count to a smaller 
number. An example of this is shown in AN2095, 
“Algorithm - Logarithmic Signal Companding - Not Just a 
Good Idea - It is µ-Law”. 

Percent of CPU Usage 
All ADCs require CPU time during data acquisition and for 
post-acquisition processing. The SAR6's logic stalls the 
CPU during the conversion. While it has a very short 
conversion time, it has 100% CPU usage during that time. 
The incremental converters use a software counter for the 
upper bits, triggered by the digital block (counter) interrupt. 
After the 2n bit count sequence, incremental converters 
must scale the data, convert it to two's complement or 
unipolar if required, and direct the output to the A and X 
registers. In the case of DualADC and TriADC, the output 
is held in RAM. This data shuffling takes a fixed amount of 
time so that as the resolution increases and sample time 
slows, the percentage of time required for the  
post-acquisition processing drops. This is shown in  
Figure 9. 

Figure 9  CPU Usage vs. Resolution 
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Low-resolution incremental converters have a higher 
percentage of CPU usage because they can have higher 
conversion rates. DelSig converters in the CY8C29xxx are 
exceptionally CPU-efficient because the type 2 decimator 
eliminates much of the need for post-acquisition 
processing.  

Start Latency 
As mentioned earlier, the delta sigma ADC's output data 
includes the residue from two previous samples. When 
multiplexed, the first two samples after the input change 
will be inaccurate and should be ignored. This is usually 
done by adding a software sample counter that is used to 
delay usage of the data until the result is valid. 
Incremental converters, while considerably slower, do not 
have this problem. The ADCINC uses the decimator for 
the counting function, but does not have the start latency 
since the decimator is reset at the start of the conversion. 
This eliminates the residue from the previous sample. 

[+] Feedback 

AN2239 

February 18, 2011 Document No. 001-33719 Rev. *C 5 

Figure 7  ADC Resolution Options 

4 5 6 7 8 9 10 11 12 13 14 15 16

DelSig
DELSIG11
DELSIG8

DeltaSigma
TRIADC

TRIADC8
DualADC

DualADC8
ADCINCVR

ADCINC
ADCINC14
ADCINC12

Incremental
SAR6

 
Select the resolution based on system requirements; SNR 
is the key feature of accurate data. All of the incremental 
and delta sigma ADCs integrate noise and have lower 
aperture error than the SAR.  

Sample Rate 
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MHz and have better linearity at this clock rate than with a 
data clock of 8.0 MHz, but one-fourth the sample rate. The 
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Delta sigma ADCs with double modulators (DS_2) can 
have significantly higher sample rates than single 
modulator (DS_1) implementations. While double 
modulators (INC_2) can yield improved SNR in 
incremental ADCs over single modulator implementations 
(INC_1), they yield no improvement in sample rate, as it 
still takes 2n samples to complete the conversion. 

The ADCINCVR, DualADC, and TriADC sample rates can 
be adjusted (downwards) by setting the CalcTime 
parameter in the User Module. DelSig, DELSIG8, and 
DELSIG11 sample rates can be adjusted by changing the 
resolution, setting the timer maximum count to a smaller 
number. An example of this is shown in AN2095, 
“Algorithm - Logarithmic Signal Companding - Not Just a 
Good Idea - It is µ-Law”. 

Percent of CPU Usage 
All ADCs require CPU time during data acquisition and for 
post-acquisition processing. The SAR6's logic stalls the 
CPU during the conversion. While it has a very short 
conversion time, it has 100% CPU usage during that time. 
The incremental converters use a software counter for the 
upper bits, triggered by the digital block (counter) interrupt. 
After the 2n bit count sequence, incremental converters 
must scale the data, convert it to two's complement or 
unipolar if required, and direct the output to the A and X 
registers. In the case of DualADC and TriADC, the output 
is held in RAM. This data shuffling takes a fixed amount of 
time so that as the resolution increases and sample time 
slows, the percentage of time required for the  
post-acquisition processing drops. This is shown in  
Figure 9. 
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Low-resolution incremental converters have a higher 
percentage of CPU usage because they can have higher 
conversion rates. DelSig converters in the CY8C29xxx are 
exceptionally CPU-efficient because the type 2 decimator 
eliminates much of the need for post-acquisition 
processing.  

Start Latency 
As mentioned earlier, the delta sigma ADC's output data 
includes the residue from two previous samples. When 
multiplexed, the first two samples after the input change 
will be inaccurate and should be ignored. This is usually 
done by adding a software sample counter that is used to 
delay usage of the data until the result is valid. 
Incremental converters, while considerably slower, do not 
have this problem. The ADCINC uses the decimator for 
the counting function, but does not have the start latency 
since the decimator is reset at the start of the conversion. 
This eliminates the residue from the previous sample. 

[+] Feedback 



Conversion Analogique Numérique
Choix du Convertisseur

• Quantum du CAN ? 

• Format des données ?  

N
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0 2q 3q 4q 5qq
0,5q 1,5q 2,5q 3,5q 4,5q
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Functional Description
The resolution and sample rate of the DelSig are determined by the modulator type, decimation rate, and 
column clock frequency. Selection of these parameters and the power setting also determine the linearity 
and offset voltage of the converter.
Figure 2. Sample Rate vs Decimation and Clock for 1st Order Modulator

Figure 3. Sample Rate vs Decimation and Clock for 2nd Order Modulator

Conversion Analogique Numérique
Fréquence de l’horloge




Source de l’horloge ?


VC1, VC2 ou VC3


fe =
fCLK

4 * 32

3MHz



Conversion Analogique Numérique
Erreurs DNL / INL
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Linearity 
Linearity of ADCs is measured in terms of differential non-
linearity (DNL) and integral non-linearity (INL).  

DNL is the deviation from a straight line from one bit to the 
next, as shown in Figure 14. 

Figure 14  Differential Non-Linearity 
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INL is the summation of DNL errors and is characterized 
by a "bow" in the input/output curve, as shown in  
Figure 15. 

Figure 15  Integral Non-Linearity 
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Both forms of non-linearity are functions of the topology 
and construction of the converter. They cannot be 
calibrated out as gain and offset errors can. 

The accuracy of all converters is dependent on settling of 
the opamp in the integrator / comparator. If the modulator 
is switched too fast and the opamp cannot keep up, 
substantial non-linearities can occur.  

Figure 16 shows the typical linearity error of an ADCINC14 
clocked at 2.0 MHz (500 ksps, the frequency used for 
characterization) and then clocked at 8.0 MHz, four times 
the characterization frequency. This shows that the 
converter can be run this fast, but it suffers significant  
non-linearity. 

Figure 16  ADCINC14 Non-Linearity for Sample  
Clock = 2.0 and 8.0 MHz 
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For lower-resolution converters, the settling time 
requirements are not as severe. As a result, the converter 
can be clocked faster, or opamp power can be reduced, 
which slows down settling. For each converter at each 
resolution, the linearity error follows the shape of the 
curves of Figure 17. 

Figure 17  ADC Linearity vs. Power and Clock 
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PHBH means that the ADC User Module’s power is set to 
HIGH and opamp bias is set to High in the Global 
Resources. Clearly, the ADC must be clocked at the 
proper (that is, slow enough) rate to meet linearity 
specifications. 

[+] Feedback 
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Both forms of non-linearity are functions of the topology 
and construction of the converter. They cannot be 
calibrated out as gain and offset errors can. 

The accuracy of all converters is dependent on settling of 
the opamp in the integrator / comparator. If the modulator 
is switched too fast and the opamp cannot keep up, 
substantial non-linearities can occur.  

Figure 16 shows the typical linearity error of an ADCINC14 
clocked at 2.0 MHz (500 ksps, the frequency used for 
characterization) and then clocked at 8.0 MHz, four times 
the characterization frequency. This shows that the 
converter can be run this fast, but it suffers significant  
non-linearity. 
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For lower-resolution converters, the settling time 
requirements are not as severe. As a result, the converter 
can be clocked faster, or opamp power can be reduced, 
which slows down settling. For each converter at each 
resolution, the linearity error follows the shape of the 
curves of Figure 17. 

Figure 17  ADC Linearity vs. Power and Clock 
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PHBH means that the ADC User Module’s power is set to 
HIGH and opamp bias is set to High in the Global 
Resources. Clearly, the ADC must be clocked at the 
proper (that is, slow enough) rate to meet linearity 
specifications. 

[+] Feedback 



Conversion Analogique Numérique
Choix du Convertisseur
• Quantum du CAN ?


• 


• Résolution de la chaine d’acquisition ?


• 


• Comment améliorer cette résolution ?


• Ajout d’un amplificateur : 

• Nouvelle résolution ? 

•  

q =
VPE

2n − 1
=

5V
255

≈ 19,6mV

R = q = 19,6mV
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Conversion Analogique Numérique
Filtre anti-repliement ?

• utilisation d’un CAN Sigma-Delta


• sur-échantillonnage : 32*fe


• filtre décimateur passe-bas


• connaissance précise du signal 
analogique d’entrée


• FAR facultatif 

Delta Sigma ADC
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Sinc2 Decimation Filter
The response of the decimation filter is given by the following z-domain relation:

Equation 3

The frequency domain transfer function plotted in Figure 6 normalizes the frequency so the output sample 
rate, Fnom, equals 1.0. The -3 dB point occurs just above 0.318×Fnom and zeros of the function occur at 
each integer multiple of Fnom. Since the 1-bit sample rate is 32 to 256 higher than the nominal output rate, 
the Nyquist limit is 4 to 7 octaves above Fnom, significantly reducing the requirements for an anti-alias filter. 
The 1-bit Nyquist frequency for a decimation rate of 256 is shown by the heavy vertical line at the right of 
the graph. Though higher decimation rates are possible, they contribute little additional benefit because of 
the noise floor of the device. In the case of the 14-bit topology, a second-order modulator with a 
decimation rate of 256, the resolution is limited by the signal-to-noise ratio. To obtain repeatable 14-bit 
resolution in the measurement of DC or slow-moving signals, it is necessary to average multiple output 
samples or apply more sophisticated signal processing techniques.

Figure 6. Sinc2 Decimation Filter Magnitude Response, with -3dB point and Nyquist Frequency

-80dB



Cahier des charges
Convertisseur Analogique-Numérique

• Largeur du spectre : 0 à 12KHz


• Théorème de Shannon :    

• Valeurs du signal : 


• Nécessité d’une tension de décalage :  


• Plage de tension après décalage : 


• Plage de tension en entrée du CAN : 


• Nécessité d’une amplification  

fe ≥ 2.fmax → fe ≥ 24KHz → fe = 26,8KHz

−1V → 1V

Voffset ≥ 1V → Voffset = 2,5V

1,5V → 3,5V

0V → 5V

A =
5
2

= 2,5



Transmission numérique audio par fibre optique
Chaîne d’émission
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1. Caractérisation du signal audio analogique


2. Ajout d’une tension de décalage


3. Plage de tensions analogiques acceptée par le PSoC ?


4. Choix du Convertisseur Analogique-Numérique (CAN ou ADC)


5. Nécessité d’une amplification du signal audio analogique ? 

6. Mise en forme du signal ?



Programmable Gain Amplifier
Choix des paramètres




• choix de l’amplification ?


• choix de Vref ?


•  

Vout = A . (Ve − Vref) + Vref



Programmable Gain Amplifier

couplage AC

4,517V

4,52/2=2,26 
1% erreur



Programmable Gain Amplifier

Origine de 
l’erreur ?

3,4V



Programmable Gain Amplifier
Choix des paramètres




• choix de l’amplification ?


• choix de Vref ?


•  

Vout = A . (Ve − Vref) + Vref



Cahier des charges
Convertisseur Analogique-Numérique

• Largeur du spectre : 0 à 12KHz


• Théorème de Shannon :    

• Valeurs du signal : 


• Nécessité d’une tension de décalage :  


• Plage de tension après décalage : 


• Plage de tension en entrée du CAN : 


• Nécessité d’une amplification  

fe ≥ 2.fmax → fe ≥ 24KHz → fe = 26,8KHz

−1V → 1V

Voffset ≥ 1V → Voffset = 2,5V

1,5V → 3,5V

0V → 5V

A =
5
2

= 2,5 → A = 2,286 avec AGND = 2,5V



Transmission numérique audio par fibre optique
Chaîne d’émission

Conversion 
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analogique

Signal  
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Signal  
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Support 
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Support 
lumineux

Signal  
numérique

fe = 26,8KHz
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++
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4 PSoC 1 Feature Set 
PSoC 1 has a large set of capabilities and features, which include a CPU core, a digital subsystem, an analog 
subsystem, a memory subsystem, and system resources, as Figure 4 shows. The following sections give brief 
descriptions of each feature. For more information, see the PSoC 1 family device datasheet, technical reference 
manual (TRM), and application notes listed in PSoC 1 Learning Resources. 

Figure 4. PSoC 1 Architecture (CY8C29466) 
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Figure 4 shows the feature available in the CY8C29466 device. Subsets of these features are available in other 
devices; see Table 1.  

• Où est le signal après la conversion ?


• Sous quelle forme ?


• Peut-on y avoir accès ?


• Caractéristiques de la fibre optique ?


• Nécessité d’un bloc  

• Choix du protocole ?


• Justification du CAN 8 bits ?
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8-Bit Serial Transmitter Datasheet TX8 V 3.50
001-13621 Rev. *K8-Bit Serial Transmitter
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For one or more fully configured, functional example projects that use this user module go to 
www.cypress.com/psocexampleprojects.

Features and Overview 
� 8-bit serial transmitter with selectable clocking to 48 MHz, yielding maximum 6-Mbit data rate
� Data framing consists of start, optional parity, and stop bits
� RS-232 serial-data compliant format with even, odd, or no parity
� Optional interrupt on transmit buffer empty condition

The TX8 User Module is an 8-bit RS-232 data-format compliant serial transmitter with programmable 
clocking and selectable interrupt or polling style operation. The data transmitted is framed with a leading 
start bit, an optional parity bit, and a stop bit. Transmitter firmware is used to initialize, start, stop, read 
status, and write data to the TX8.
Figure 1. TX8 Block Diagram

Resources

PSoC® Blocks API Memory (Bytes) Pins (per 
External I/O 
and Clock)Digital Analog CT Analog SC Flash RAM

CY8C29/27/24/22/21xxx, CYWUSB6953, CY8C23x33, CY8CLED02/04/08/16, CY8CLED0xD, CY8CLED0xG, 
CY8CTST110, CY8CTMG110, CY8CTST120, CY8CTMG120, CY8CTMA120, CY8C21x45, CY8C22x45, 
CY8CTMA30xx, CY8C28x45, CY8CPLC20, CY8CLED16P01, CY8C28xxx, CY8C21x12, CY7C64215, 
CY7C603XX

1 0 0 193 0 1
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Functional Description 
The TX8 User Module implements a serial transmitter. It uses the Buffer, Shift, and Control registers of a 
digital communications type PSoC block. 

The Control register is initialized and configured, using the TX8 User Module firmware Application 
Programming Interface (API) routines. When the Enable bit in the Control register is set, an internal divide-
by-eight bit clock is generated. 

A data byte to transmit is written by an API routine into the Buffer register, clearing the Buffer Empty status 
bit in the Control register. This status bit can be used to detect and prevent transmit overrun errors. 

The rising edge of the next bit clock transfers the data to the Shift register and sets the Buffer Empty bit of 
the Control register. If the interrupt enable mask is enabled, an interrupt will be triggered. This interrupt 
enables the queuing of the next byte to transmit, so that upon completion of transmission of the current 
data byte, the new byte will be transmitted on the next available transmit clock.

The start bit is transmitted at the same time that the data byte is transferred from the Buffer register to the 
Shift register. Successive bit clocks shift a serial bit stream to the output. The stream is composed of each 
bit of the data byte, least significant bit first, an optional parity bit, and a final stop bit. Upon completion of 
transmission of the stop bit, the Control register’s Tx Complete status bit is set. This bit will remain valid 
until read. If a new data byte has been written to the Buffer register, the data byte will be transferred to the 
Shift register and transmission of the data will begin on the next rising edge of the bit clock.

Timing
The clock rate must be set to eight times the desired bit transmit rate. 

If enabled, the TX8 interrupt occurs on the Tx Buffer Empty event. This occurs when the data byte to be 
transmitted is transferred from the Buffer register to the Shift register. Enabling and disabling the interrupt 
is controlled through the API.

The following TX8 Timing diagram illustrates the operation of the TX8 User Module.
Figure 2. TX8 Timing Diagram

Communication System Accuracy
For reliable UART communication, the maximum deviation allowed in the clock source is ±4%. The IMO of 
the PSoC 1 has a maximum tolerance of 2.5% and, therefore, can be used. However, the 6-MHz SLIMO 
clock cannot be used because it has a tolerance of ±4.2%, which is not acceptable for a reliable UART 
communication.
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Bloc TX8 8*T=2500ns -> Tbit=312,5ns -> Db=3,2Mbits/s (SysCLK direct)

START

STOP

1 1 0 0
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Problème ?
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Solution ?

10μs 10μs 10μs



Cahier des charges
Convertisseur Analogique-Numérique
• Largeur du spectre : 0 à 12KHz


• Théorème de Shannon :    

• Valeurs du signal : 


• Nécessité d’une tension de décalage :  


• Plage de tension après décalage : 


• Plage de tension en entrée du CAN : 


• Nécessité d’une amplification 


• Nécessité d’un bloc serializer 8bits :  

fe ≥ 2.fmax → fe ≥ 24KHz → fe = 26,8KHz

−1V → 1V

Voffset ≥ 1V → Voffset = 2,5V

1,5V → 3,5V

0V → 5V

A =
5
2

= 2,5 → A = 2,286 avec AGND = 2,5V

Db > > 10 * fe = 268kbits/s
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Transducteur électrique 
optique
A-t-on le choix ?
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HFBR-15X1Z Transmitter 

All HFBR-15XXZ LED transmitters are classified as IEC 825-1 Accessible Emission Limit (AEL) Class 1 based upon the current proposed 
draft scheduled to go into effect on January 1, 1997. AEL Class 1 LED devices are considered eye safe. Contact your local Avago sales 
representative for more information.

Absolute Maximum Ratings

 Parameter Symbol Min. Max. Units Reference
 Storage Temperature TS –40 +85 °C   
 Operating Temperature TA –40 +85 °C
 Lead Soldering Cycle                 Temp.   260 °C Note 1, 4
                         Time   10 sec
 Forward Input Current IFPK  1000 mA Note 2, 3
  IFdc  80
 Reverse Input Voltage VBR  5 V   

Notes:
1.  1.6 mm below seating plane.
2.  Recommended operating range between 10 and 750 mA.
3.  1 µs pulse, 20 µs period.
4. Moisture sensitivity level (MSL) is 3.

ANODE 1

CATHODE 2

N.C. 3

N.C. 4

8  DO NOT CONNECT

5  DO NOT CONNECT

 Pin # Function
 1 Anode
 2 Cathode
 3 Open
 4 Open
 5 Do not connect    
 8 Do not connect
        
Note:  Pins 5 and 8 are for mounting and retaining purposes only.  Do not 
electrically connect these pins.

• 660nm

• Dbmax

= 5MBits/s


