OctoSound Card installation on:

Linux raspberrypi 6.1.34-v8+ #1657 SMP PREEMPT Fri Jun 16 12:36:29 BST 2023 aarch64
GNU/Linux

- Remove pulseaudio (if installed).
sudo apt-get remove --assume-yes pulseaudio

- Enable ARM i2C interface.
sudo raspi-config
(3) Interface Options
(P5) 12C
Enable: Yes

- clone installer to a folder and install it:

git clone https://github.com/Audio-Injector/Octo.git
sudo dpkg -i audioinjector.octo.setup_0.4_all.deb

[output see Fig.1]


https://github.com/Audio-Injector/Octo.git

ioinjector.octo.setup_0.4_all.deb”

seems ok?!




- Add the following lines to the /etc/modules file.
snd_soc_cs42xx8

snd_soc_cs42xx8 _i2c
snd_soc_audioinjector_octo_soundcard

- reboot

-check if octocard is recognized (arecord and aplay): (Fig 2)

- check

Figure 2: "arecord -L "(left) and "aplay -L "(right) output
~.asoundrc and /etc/asound.conf (Fig 3)



Figure 3: "~.asoundrc" (left) and "/etc/asound.conf"
According to the installation instructions the Octocard should be working.



- Tentative to record a channel through arecord:

1) using hw
arecord -D hw:CARD=audioinjectoroc, DEV=0 -f cd -c 1 -d 1 -r 48000 test.wav

[output]
Recording WAVE 'test.wav' : Signed 16 bit Little Endian, Rate 48000 Hz, Mono

arecord: set_params:1349: Channels count non available \

2) using plughw:
arecord -D plughw:CARD=audioinjectoroc, DEV=0 -f cd -c 1 -d 1 -r 48000 test.wav

Recording WAVE 'test.wav' : Signed 16 bit Little Endian, Rate 48000 Hz, Mono
! (at least 0.132 ms long

overrun!!! (at least 0.114 ms long)
overrun!!! (at least 0.154 ms long)
! (at least 0.119 ms long

It records an empty file.

3) using plughw with Fs=96000:
arecord -v -D plughw:CARD=audioinjectoroc, DEV=0 -f cd -c 1 -d 1 -r 96000 test.wav

[output]
Recording WAVE 'test.wav' : Signed 16 bit Little Endian, Rate 96000 Hz, Mono
Plug PCM: Route conversion PCM (sformat=S16_LE)

Transformation table:

0 <-0*0.125 + 1*0.125 + 2*0.125 + 3*0.125 + 4*0.125 + 5*0.125 + 6*0.125 + 7*0.125\

[ts setup is:

stream : CAPTURE

access : RW_INTERLEAVED

format :S16_LE

subformat :STD

channels :1

rate : 96000

exact rate : 96000 (96000/1)

msbits 116

buffer_size : 32768

period_size : 8192

period_time : 85333

tstamp_mode : NONE

tstamp_type : MONOTONIC

period_step :

avail min :8192

period_event : 0

start_threshold : 1

stop_threshold : 32768




silence_threshold: 0 ]

silence_size : 0

boundary :4611686018427387904
Slave: Hardware PCM card 1 'audioinjector-octo-soundcard' device 0 subdevice O\
Its setup is:

stream : CAPTURE

access : MMAP_INTERLEAVED

format :S16_LE

subformat : STD

channels :8

rate : 96000

exact rate : 96000 (96000/1)

msbits : 16\

buffer_size : 32768

period_size : 8192

period_time : 85333

tstamp_mode :NONE\

tstamp_type : MONOTONIC
period_step : 1\

avail_ min :8192
period_event : 0
start_threshold : 1
stop_threshold : 32768

boundary :4611686018427387904
applptr :0

It records the wave file but something is not correct.
[MATLAB ouput: [y,Fs] = audioread("test.wav", 'native');]
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- Tentative to record a channel through ecasound and jackd:

sudo apt install jackd2-dev

Allowed real time priority during installation.

sudo apt install ecasound

Run:

jackd -d alsa -d hw:1 -C

ecasound -q -C -f:s16_le,1,48000,i -i:jack,system:capture_3 -G:jack,esmi,notransport -

f:s16_le,1,48000,i -o:test.wav

Again, something strange happens:

x10%

x10%
'

. . . . . . . . L . . . . .
0 1 2 3 4 5 6 7 8 0 1000 2000 3000 4000 S000 6000 7000 2000
samples %102 samples




