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Abstract: This paper designs an implementation system of 8*8 channel audio 

processing algorithm based on ADSP21489. All 8 channels of audio can be input to 

the decoding chip CS5368 for decoding at the same time, and then input to the DSP 

chip ADSP21489 for audio algorithm processing (such as reverb, reverb, EQ, 

equalization, etc.) through the TDM time division multiplexing interface, and then 

encoded and output through the encoding chip CS4385 8 audio signals. Among them, 

the ARM chip LPC1763 is used as the main control chip to implement functions such 

as initializing the codec chip, communicating with the DSP, and controlling audio 

effects. After the completion of this design, various audio parameters, such as total 

harmonic distortion plus noise, signal-to-noise ratio, and noise floor, have reached the 

target. 
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1. Introduction 

Digital audio technology [1] refers to a method that can convert analog sound signals 

into digital signals through sampling, quantization, and encoding processes, and then 

record, transmit etc. And then revert these recorded digital audio signals to analog 

during playback. Analog signals are continuous in time and amplitude, and small 

changes in amplitude will cause changes in sound quality. The digital audio technology 

converts the analog signal into a series of digital signals to be stored or transmitted 

after discrete time and amplitude quantization. In theory, in addition to the digitization 

process of converting an analog signal into a digital signal and the process of restoring 

a digital signal to an analog signal, some errors will be introduced. The storage and 

transmission of digital signals will not cause changes in sound quality. That is the main 

reason for the increasing adoption of digital audio technology. 
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2. Audio processing system 

A general audio processing system consists of a program source system, a signal 

processing system, a speaker system, a cable, and an environmental system. The 

program source system includes a tuner (radio head), a music stand, a record player 

(LP), a laser player (CD), a laser video player (LD), a digital video player (DVD), a 

small video player (VCD), and a super VCD. In addition, with the development of 

computer multimedia technology, more and more program sources are output by 

computers. Signal processing systems include power amplifiers, equalizers, 

compressors, limiters, expanders, and noise gates. Current popular home theater 

systems, such as AC3 (Audio Code3) decoders and DTS (Digital Theater System) 

decoders are all signal processing system. 

 

2.1 Audio effect processing 

 Sound effects processing belongs to signal processing systems. The important 

concepts of digital audio signals are: Digital audio storage format: Audio file storage 

format is used to provide compatibility between system platforms, so that audio data 

can be transferred after storage or transferred to other systems for processing. Or 

replay. In addition to audio data, some file formats also include control data, such as 

WAV, MID/MIDI, MP3. There are also audio effect categories: audio effects are divided 

into echo, reverb, reverb, overtone, equalization, transposition, stretching, phase 

change, left and right, fade in and fade out, Dynamic companding, and distortion 

processing. 

 

2.2 Speaker Equalization 

The speaker's non-uniform frequency response, frequency response that changes with 

direction and non-linear phase all degrade the audio signal quality. In addition, 

different positions in the listening room will enhance and cancel specific frequencies, 

and due to surface reflections, their own sound components will be superimposed in 

the audio signal. In the past, the compensation of the frequency response 

characteristics of speakers was compensated by analog equalizers, which flattened 

the peaks and troughs of different sizes. However, the use of ordinary analog 

equalizers must accurately adjust the frequency response unevenness of the speakers. 

It is very difficult to reach ±2dB. Professional analog equalization can be done, but 

the price is very expensive. Now with the development of DSP technology, DSP 

technology has been applied to the audio field. With DSP, errors caused by uneven 

frequency response and non-linear phase can be corrected. 
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3. Audio system circuit module design 

3.1 Design scheme of audio system circuit module 

This circuit is first decoded by the 8-channel analog signal through the op amp to the 

decoding chip CS5368 [2]. The decoding chip CS5368 decodes the 8-channel audio 

analog signal into a digital signal and inputs it to the ADSP-21489 through TDM time 

division multiplexing [3] Perform digital signal processing. The DSP sends the signal to 

the encoding chip CS4385 [4] for encoding. CS4385 encodes the digital signal into an 

analog signal and inputs it to the op amp to amplify the output. ARM-LPC1763 is the 

main control chip, which configures the parameters of the codec chip and controls the 

DSP to achieve different audio effects. As shown in Fig. 1. 

 

Fig. 1 Block diagram of audio system circuit module design 

 

3.2 Power Module 

This design uses 5V power supply, the schematic diagram of 5V to 3.3V is shown in 

Fig. 2, and the schematic diagram of 5V to 1.2V is shown in Fig. 3. ADSP-21489 chip 

operating voltage requires 3.3V I/O voltage and 1.2V core voltage. And LPC1763 also 

needs 3.3V power supply. Here DSP and ARM use the same 3.3V power circuit 

schematic. 
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Fig. 2  5V to 3.3V circuit 

 

Fig. 3  5V to 1.2V circuit 

 

3.3 LPC173 circuit module 

(1)Data saving circuit of LPC1763 

LPC1763 plays a controlling role in the entire system. It is necessary to configure the 

parameters of the CS5368 and CS4385 chips and communicate with the DSP chip to 

control the DSP to achieve different audio special effects. Because the user's 

configuration parameters need to be recorded, EEPROM is needed. Ultraviolet rays 

can be used to erase the data inside the chip by irradiating the internal chip. EPROM 

eraser is used to complete the chip erasure operation. A special programmer is used 

to write data in EPROM, and a certain programming voltage must be added when 

writing to the chip. This design uses 24LC64 to record data. The EEPROM of LPC1763 

is shown in Fig. 4. 

 

Fig. 4 EEPROM of LPC1763 

(2) Reset circuit of LPC1763 

The LPC17XX series microcontrollers have 4 reset sources, namely external RESET, 
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watchdog reset, power-on reset (POR), and power-down detection reset (BOD). This 

part of the hardware circuit completes power-on reset and external reset, as shown 

in Fig. 5. 

 

Fig. 5 ARM reset circuit 

(3) JTAG interface circuit of LPC1763 

Using the standard 20-pin JTAG emulation and debugging interface proposed by ARM, 

the definition of the JTAG signal and the connection with LPC1768 are shown in Fig. 

6. Connect a 4.7K pull-down resistor at the RTCK pin to enable the internal JTAG 

interface of the LPC1768 after system reset, so that JTAG simulation debugging can 

be performed directly. 

 

Fig. 6 JTAG of ARM 

 

3.4  DSP peripheral circuit design 

(1)DSP and FLASH circuits 

The system flash uses ST's M25P16 chip. It is a low-voltage serial flash memory with 

a capacity of 16Mbit and 3.3V power supply. It has external pins compatible with the 

industry standard SPI interface. Connect it to the SPI interface of the ADSP-21489, 

access it through the SPI interface, and implement the SPI serial loading of the ADSP-

21489 program. The specific circuit is shown in Fig. 7. The chip select signal CS is 

connected with the dedicated SPI chip select signal SPI_CS of the DSP, and this pin is 

only used as the chip select signal of Flash. It cannot be multiplexed. The data and 

clock pins can be multiplexed. After the boot is completed, it is used to receive the 



Volume 7 Issue 1 2020 

   12 

BF532 transmission. Command word, at this time the SPI is configured as slave mode. 

 

Fig. 7 Flash circuit of ADSP 

(2) DSP and SDRAM circuits 

The ADSP-21489 provides a seamless interface to 16-bit wide SDRAM, which can be 

connected to external memory. The SDRAM uses the MT48LC16M16A2 chip of Micron 

Corporation, with a capacity of 32MBit, and has 4 banks. The input and output adopt 

the LVTTL level standard, which is powered by a single-ended 3.3V power supply, 

supports self-refresh mode, and the maximum refresh frequency can reach 167MHz. 

The SDRAM interface circuit is shown in Fig. 8. 

 

Fig. 8 ADSP and SDRAM interface 

 

3.5 A/D module 

In this module, the CS5368 chip is used for A/D conversion of audio. The audio A/D 

module is mainly responsible for converting 8 analog differential signals into 4 IIS 
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stereo signals for subsequent circuit processing. The CS5368 is an 8-channel A/D 

converter with a sampling rate of 216KHZ. 

In this design, we use I2C mode to configure the chip through LPC1763. CS5368_SCL, 

CS5368_SDA, and CS5368_RST are LPC1763 configuration pins for CS5368. The 

circuit diagram is shown in Fig. 9. 

In this design, the input port AIN (± 1-- ± 7) is connected to 8 channels of filtered 

differential analog signals, and the output is 4 channels of IIS stereo audio connected 

to SD0UT1 ~ 4 ports (M_MCLK, M_LRCLK, M_SCLK) The data clock is connected to 

the clock input port. The analog part uses 5V power supply, the digital part uses 3.3V 

power supply; the pin pull-up uses 3.3V voltage. TDM time-division output. 

 

Fig. 9 A/D conversion circuit 

 

Fig. 10 D/A conversion circuit diagram 
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3.6 D/A module 

In this module, the CS4385 chip is used for D/A conversion of digital audio. The audio 

D/A module is mainly responsible for converting the processed four IIS stereo signals 

into eight differential analog signal outputs. 

In this design, 8 audio signals are time-multiplexed in the input port TDM. 

(CODEC_MCLK, CODEC_LRCLK, CODEC_SCLK) data clock is connected to the clock 

input port. The output is A0UT (±0-- ±7) output 8 channels analog differential signals. 

We use I2C mode to configure the chip through LPC1763 CS4385_SCL, CS4385_SDA, 

and CS4385_RST are LPC1763 to CS4385 configuration pins. As shown in Fig. 10. 

 

4. Audio processing algorithm program design 

Here mainly explains how to implement the audio processing algorithm, the program 

code is too much, if necessary, please contact the author via email. 

1. Gain 

One of the most basic functions in audio is the adjustment of the audio volume. Digital 

audio volume adjustment does not require an op amp like analog circuits. Digital audio 

multiplies the value directly by a number. If it is greater than one, it is enlarged. The 

program code is as follows: 

void Gain_Render(float *in, float *out,float amp0, unsigned int BUF_MAXSize) 

{ 

 int i; 

 for(i=0;i<BUF_MAXSize;i++) 

 { 

  out[i]=in[i]*amp0; 

 } 

} 

2. Delay 

In addition to hearing the original sound, you can also hear the original sound lag. 

Therefore, the sound quality of the musical instrument or the human voice can be 

modified, the thickness and strength of the sound can be improved, the sound field 

can be expanded, and the three-dimensional effect can be enhanced, thereby 

adjusting the tone color. It is the basic unit for achieving echo, reverberation, and 

reverberation. 

3. Echo 

Because different sound absorption and reflection coefficient materials exist in 

different environment, the reflected volume and delay are different. By adjusting the 

two parameters of the delay volume (the ratio of the reflected sound to the original 

sound) and the delay time (the lag time of the reflected sound to the original sound) 
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in the echo processing unit, different listening environments (canyon, Hall, small hall, 

space). 

4. Equilibrium    

Adjust the frequency response of each band to produce different effects: such as 

heavy bass, radio, treble ... can compensate for the lack of frequency components in 

various program signals, and can suppress excessive frequency components. The 

implementation method is time domain filtering and frequency domain filtering. The 

frequency-domain filter uses the FFT algorithm, and the effect is quite good; the time-

domain filter is fast, but the effect is worse. Specific operation of frequency domain 

filtering: firstly transform from time domain to frequency domain, then filter in 

frequency domain. Then it is inversely transformed from the frequency domain back 

to the time domain. Time-domain filtering does not require time-domain and 

frequency-domain transformations, and can be directly filtered in the time domain. 

 

5. Audio System Testing and Analysis 

5.1 System hardware test 

After the printed circuit board is manufactured, solder the components, and carefully 

check the wiring of the printed circuit board against the schematic to ensure that there 

are no errors before soldering. At the same time, as far as possible with each unit 

circuit as a unit, welding debugging one by one, in order to reduce the scope of failure 

when encountering difficulties during debugging. After the system is powered on, you 

should first check whether the circuit works abnormally. It is normal for the chip to 

have a certain amount of heat during work, but if the chip is particularly hot, there 

must be a fault. You need to stop debug and check the power to confirm that it is 

correct before proceeding.  

 

5.2 System parameter test 

The indicators tested by the analog audio processing module include: total harmonic 

distortion plus noise, signal-to-noise ratio, maximum input and output levels, and noise 

floor. Test tool: Analog audio analyzer. Test method: use the audio analyzer to 

generate an analog audio signal to the analog processing module, and then output it 

to the audio analyzer after passing through the analog module. You can test the 

corresponding indicators in the audio analyzer. 

Table 1 Audio system test parameters 

Parameter 
Left channel 

parameter value 

Right channel 

parameter value 

Reference 

value 

Sampling rate 48K 48K -- 
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Total harmonic plus 

noise 
≤0.008% ≤0.007% ≤0.01% 

Signal to noise ratio ≥92db ≥ 94db ≥80db 

Noise floor -99db -97db ≤-80db 

 

The test results of the complete audio system parameters are shown in Table 1. The 

various indicators fully meet the design requirements. 

 

6. Conclusion 

This paper designs an implementation system of 8*8 channel audio processing 

algorithm based on ADSP21489. Eight channels of audio can be input to the decoding 

chip CS5368 for decoding at the same time, and then input to the DSP chip ADSP21489 

for audio algorithm processing (such as reverb, reverb, EQ, equalization, etc.) through 

the TDM time division multiplexing interface, and then encoded and output through 

the encoding chip CS4385 8 audio signals. Among them, the ARM chip LPC1763 is 

used as the main control chip to implement functions such as initializing the codec 

chip, communicating with the DSP, and controlling audio effects. After the completion 

of this design, various audio parameters, such as total harmonic distortion plus noise, 

signal-to-noise ratio, and noise floor, have reached the target. 
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