VsCodeiEiEAutoDLIFRIAIS

o — RIS AR B E i FAautoDL_EAYIMESRRAETENCHS, rT AR A 1AYVSCODEEIISSHT B
1E3ER) autoDLIRSSEE,

AR U: https://blog.csdn.net/ABVO9876543210/article/details/134811442

EREHIERAT:

) SteHP  GiEE) EEES) =ZANV) B36) EEER - 2 root [SSH: connect.cqal.seetacloud.com]

[ =====

v ROOT [SSH: CONNECT.CQA1.SEETACLOUD.COM]
cache

.conda

.config

dotnet

.ipython

Jjupyter

loca

.modelscope

autodl-tmp

miniconda3

tf-logs

bashrc

.condarc
file

>
>
>
>
>
>
>
>
>
>
>
>
>
>
>
>
$
$

= .wget-hsts

root@autodl-container-ced64989c1-6edfd171:~# I

BRIERTLAX A REautoDLAYjupyter EIXAFEEREI T,

A} A Y
ZOHTR R
FMBARHIIEL M2HAFIENE MmN E R TE S XFHISERI3in A B AIBESE I Ei A RIE]
EHHTHN AR R E T — N sE L.
—NEEAIRENRIENEINwebR B /L MZ O ITBEEMIFR T

1. WMAIRE
2. WMAIB A=
3. WA A E AL B =



4. WP R P =
BRI Hh SR AR M OHESR:

1. gradio FAFIRERITER Web i FBRYRIR &SR E
2. fastApi B FRIEIEEWeb/GimRARS

ARIRLEOFA IR IARK FHautoDLIREIRSS 28 (B2 H T E REEXI/MTI—1N6006im [, FrLAF IR AR
FERANXSgradiof SIBHEHI TN, F st R BB Fra Y EimfastApilRZEFBIE6006im [ L. AASE)
gradio5RHE, FpythonfdrequestifiaiX MEFEIRSS

RIRFEFKFRIpythonhk A2 3.1 M1ZIMREEEAZIRI3.8BFAE. FTLUATBEESEE
IMCHBE CFE R FRETE.

O I BETSRE
RS

gradio ARSI T RSB gr.Audio(...) , NHRGIFERTWEEIE—RFAGFER
B EREEARME.wav 4



import gradio as gr
import scipy

def save audio(audio):

try:
print("==========audioType==========", type(audio))
print("==========audio==========" audio)
sample_rate, audio_data = audio
savePath = "output.wav"

scipy.io.wavfile.write(savePath, sample_rate, audio_data)
return f" 2% (7 {E{savePath}"

except Exception as e:
return f"{{17F KM {e}"

input_audio = gr.Audio(sources=["microphone"])
with gr.Blocks() as demo:
# o At
audio_input = gr.Audio(sources=["microphone"], format="mp3")
# PRAT A
save_button = gr.Button("{i{fuk "

# i AH A
output = gr.Label()

# {2l Ry R AL P

save_button.click(save_audio, inputs=audio_input, outputs=output)

# NSt

demo.launch()

Audio

B4R F Eoutput.wav

TS

NRE—NAAY.wav s B Agr AudioBIHE SRR ? B TmEAYEIF:



import gradio as gr

def play audio(file):
# IR [8] SO AR DAL 7R
return file.name

# @& Gradio Blocks
with gr.Blocks() as demo:
# IS I0bR AN Ik
gr.Markdown ("# A b E SR )

gr.Markdown ("iX & — N THEMA R .wav CHER Gradio M. )

file input = gr.File(
label="i%Ffwav ",
file types=[".wav"],

# SN LA SRR T A
audio_output = gr.Audio(
label=""#S4& ",
type="filepath",

# U INEN , B S8 4 80
file_input.change(
play_audio,
inputs=file_input,
outputs=audio_output,

# J53) Gradio N A
demo. launch()

B SIS
XE—MNETERA wav 34K Gradio WA,

N BEERwavsoit

output.wav

EE

X

899.3KB ¢

*

YIRS SRS F



EREE XM T B SR ERSTTHREL
STT,BD (Sound transform to Text) , ERILUGEE G HIE.
BT B KRR EEAEIGPU ATLAE FRANNIGF B autoDL_E KA,
ZIPRASTTIREELZhuggingface ERY whisper , XS R BN A
1. AR AR BRI IS
2. SIS AR B R U
it BIhiR#HAIhuggingfacefwhisper
# N\ autoDLAYjupyter TAHE, SA IS
o LEING:
conda create --name stt =3.8
conda activate stt
conda install ==1.10.0 torchaudio =11.3 -c pytorch
pip install transformers accelerate
pip install -U huggingface_hub
pip install "fastapi[standard]"
pip install -U openai-whisper
pip install git+https://github.com/openai/whisper.git
sudo apt update && sudo apt install ffmpeg

pip install setuptools-rust

conda install ipykernel
python -m ipykernel install --user --name stt --display-name "Python 3.8 (stt)"

pip install datasets
pip install librosa soundfile

FEIXEBINRHIN conda activate stt KW SETTEHN sttEEHIIAE =1 source activate
stt .

RS



import whisper

model = whisper.load_model("tiny"

result = model.transcribe("output.wav"

print(result["text"

(stt) root@autodl-container-8c094bbadf-910937cd: fsttTest# python stt_test0l. py
0% | | . 1072, 10 [00:05<00:00, 12.8MiB/s]

E

EITIXERAUBAI R SARBEERE—MERAIINEHESR. KRR T SHrIRtE. REF2
IRBITEE M output wavAITIHE RIRHIHIRBIRYES

iftiztmodelscope EAIEF=STT KRR

https://modelscope.cn/models/iic/SenseVoiceSmall
SenseVoice T T FHEESZESEE R, BRIPRISIMSHFN
o ZIESIRA RAEE4075/\ITEEE) 145 XHRBRIT 5 0FPIE =, IRAIRER LT Whisperts
ggo
o EXARBEENFRIBERGRS sEiENINEUE LIXRIF 0@ B RisfERRaRBIRE
R, XEFEaSEalsEnFaR. ER. 55, BE. 2R BESZHEN
ANRZE S TN,
o SR SenseVoice-SmalliREL R AIFE B FimEimIELE HEEEIEIRIRT, 10s S 5HEIE(Y
F¥ERT70ms, 152 F Whisper-Large,
o HUAES: EEEENGERA SRS SERFRB S RESKESF AT,
o RSZEFE: BETENRSEENER, IS HAIEK IFEFPimiE =8, python,
c++html, java5c#ZE
ERtEEER b whisperB g iiIXE.
E#iH— 1 condaifMi

conda create --name funsar =3.8
conda activate funsar

BB


https://modelscope.cn/models/iic/SenseVoiceSmall

pip install -r requirements.txt

requirements.txtS3 AR S E:

torch<=2.3
torchaudio
modelscope
huggingface
huggingface_hub
funasr>=1.1.3
numpy<=1.26.4
gradio
fastapi»>=0.111.1

TR RS B TEERE AEERFHET. BERNRIFEEXFNFEAREFaNEL
& BARRT,
IR R s e/ ffmpeg O onnxconverter-common Z0 /AL AT LARRIR:

# FHAsIE (Ubuntw)
sudo apt update

# %4 ffmpeg (Ubuntu)
sudo apt install ffmpeg

# 2% onnxconverter-common
pip install onnxconverter-common

MRS



from funasr import AutoModel
from funasr.utils.postprocess _utils import rich_transcription_postprocess

model dir = "iic/SenseVoiceSmall"

model = AutoModel
model=model_dir
trust_remote_code=True
remote_code="./model.py"
vad_model="fsmn-vad"
vad_kwargs={"max_single segment_time": 30000
device="cuda:0"

res = model.generate
input="https://isv-data.oss-cn-
hangzhou.aliyuncs.com/ics/MaaS/ASR/test _audio/asr_example zh.wav"
cache=
language="auto" # "zn", "en", "yue", "ja", "ko", "nospeech"
use_itn=True
batch_size s=60
merge_vad=True, #
merge_length_s=15

text = rich_transcription_postprocess(res[0]|["text"
print(text

True in Aw

XEBRYInputS 4L IRBERRY 2SS



res = model.generate(
input=f"{model.model_path}/example/zh.mp3",

IHEERBIRIAER B T3 SALER
fE:https://github.com/modelscope/FunASR/blob/main/examples/industrial_data_pretraining/par
aformer_streaming/README_zh.md

BHNESHFERNES IR A EERATVAANNES H TR T,

from funasr import AutoModel

chunk_size = [0, 10, 5] #[0, 10, 5] 6eoms, [0, 8, 4] 480ms

encoder_chunk_look_back = 4 #number of chunks to lookback for encoder self-attention
decoder_chunk_look_back = 1 #number of encoder chunks to lookback for decoder cross-
attention

model = AutoModel(model="paraformer-zh-streaming")

import soundfile
import os

wav_file = os.path.join(model.model_path, "example/asr_example.wav")
speech, sample_rate = soundfile.read(wav_file)
chunk_stride = chunk_size[1] * 960 # 600ms

cache = {}
total chunk _num = int(len((speech)-1)/chunk_stride+1)
for i in range(total_chunk_num):

speech_chunk = speech[i*chunk_stride: (i+1)*chunk_stride]

is_final = i == total_chunk_num - 1

res = model.generate(input=speech_chunk, cache=cache, is_final=is_final,
chunk_size=chunk_size, encoder_chunk_look back=encoder_ chunk_look back,
decoder_chunk_look_back=decoder_chunk_look_back)

print(res)



:164: Future¥arning: ~tore

YA S F AL R R S
EERISTT SE EBATLIRR IS ERE TR SRS AL 5 A A,

IN—TEIPREAITTSIREY

LEIMR
conda create --name tts2 =3.8
conda activate tts2
conda install ==1.10.0 torchvision torchaudio =11.3 -c pytorch

pip install scipy

pip install transformers accelerate
pip install -U huggingface_hub

pip install "fastapi[standard]"

pip install soundfile

conda install ipykernel
python -m ipykernel install --user --name tts2 --display-name "Python 3.8 (tts2)"

cd /root/autodl-tmp/

STTREUIAFETF o) N MBRIEEZIT B ERE, STHREE LR T AR B aHES B RS T .
5 LESTTEAR, TTSIEAFERRI N AR ERhuggingface TEL,



pip install -U huggingface_hub

# W HhuggingfaceuisE(%
export HF HOME=/root/autodl-tmp/huggingface-cache/
export HF ENDPOINT=https://hf-mirror.com

cd /root/autodl-tmp

# N

huggingface-cli download --resume-download --local-dir-use-symlinks False
facebook/mms-tts-eng --local-dir mms-tts-eng

E17list

£24

from pydantic import BaseModel
from transformers import AutoTokenizer, VitsModel
import torch

# NI ZRA A AN 53 6] 25
model = VitsModel.from_pretrained("mms-tts-eng")
tokenizer = AutoTokenizer.from_pretrained("mms-tts-eng")

text = "'’
Sure, here's a 100-word English monologue:

"Standing here, I feel the weight of the world on my shoulders. Every decision, every
action, seems to hold the potential for consequence, for change. I'm aware of my own
power, and yet I'm humbled by the vastness of what lies ahead. I'm not afraid, though.
I'm ready to face the challenges, to embrace the unknown. After all, it's in these
moments of uncertainty that we grow the most."

inputs = tokenizer(text, return_tensors="pt")

with torch.no_grad():
output = model(**inputs).waveform

from IPython.display import Audio
Audio(output.numpy(), rate=model.config.sampling rate)

import scipy

scipy.io.wavfile.write("techno.wav", rate=model.config.sampling_rate,
data=output.float().numpy().T)

XEEITIRA:



Traceback (most recent call last):
File "tts.py", line 14, in <module>
output = model(**inputs).waveform
File "/root/miniconda3/envs/tts/lib/python3.8/site-
packages/torch/nn/modules/module.py"”, line 1102, in _call impl
return forward_call(*input, **kwargs)
File "/root/miniconda3/envs/tts/lib/python3.8/site-
packages/transformers/models/vits/modeling vits.py", line 1423, in forward
text_encoder_output = self.text_encoder(
File "/root/miniconda3/envs/tts/lib/python3.8/site-
packages/torch/nn/modules/module.py"”, line 1102, in _call_impl
return forward call(*input, **kwargs)
File "/root/miniconda3/envs/tts/lib/python3.8/site-
packages/transformers/models/vits/modeling vits.py", line 1222, in forward
encoder_outputs = self.encoder(
File "/root/miniconda3/envs/tts/1lib/python3.8/site-
packages/torch/nn/modules/module.py"”, line 1102, in _call _impl
return forward_call(*input, **kwargs)
File "/root/miniconda3/envs/tts/1lib/python3.8/site-
packages/transformers/models/vits/modeling vits.py", line 1143, in forward
synced_gpus = is_deepspeed_zero3_enabled() or is_fsdp_managed _module(self)
File "/root/miniconda3/envs/tts/lib/python3.8/site-
packages/transformers/integrations/fsdp.py", line 29, in is_fsdp_managed_module
import torch.distributed.fsdp
ModuleNotFoundError: No module named 'torch.distributed.fsdp’

FR/DELR, — A BT BRI E P torchhRATBERFR., FARAIFRRITTUE: pip install --

upgrade torch

REHIEITERE £ T — 1B 0Y: techno.wav RIS, FNMEEdown FRIEMEE. OK,
I T Z f& RIX AN SR SE 2 1ER0F EE D B AR MR R,

i EH— AN TTSIRE

B — P X ERL RIS EN EARBAT]! B,

HIFHGIAR T I AZINED T LN EPEME R SRR, AT e R R A& MRELZ [BIRIKEUE
AJBER ISR M EIRSRIERIFARIR,

iic/CosyVoice-300M-SFT IX/MNMFAZIARILA, HBLE: https://modelscope.cn/models/iic/CosyVoice-
300M-SFT

githubEJ5: https://github.com/FunAudiol LM/CosyVoice

LRI



git clone --recursive https://github.com/FunAudiolLLM/CosyVoice.git

# If you failed to clone submodule due to network failures, please run following
command until success

cd CosyVoice

git submodule update --init --recursive

s

conda create -n cosyvoice python=3.8

conda activate cosyvoice

# pynini is required by WeTextProcessing, use conda to install it as it can be
executed on all platform.

conda install -y -c conda-forge pynini==2.1.5

pip install -r requirements.txt -i https://mirrors.aliyun.com/pypi/simple/ --trusted-
host=mirrors.aliyun.com

# If you encounter sox compatibility issues
# ubuntu

sudo apt-get install sox libsox-dev

# centos

sudo yum install sox sox-devel

2 T EERL

# SDKHEA! T %

from modelscope import snapshot_download

snapshot_download('iic/CosyVoice-300M', local dir='pretrained models/CosyVoice-300M")
snapshot_download('iic/CosyVoice-300M-25Hz", local_dir="'pretrained_models/CosyVoice-
300M-25Hz ")

snapshot_download('iic/CosyVoice-300M-SFT', local dir='pretrained_models/CosyVoice-
300M-SFT")

snapshot_download('iic/CosyVoice-306M-Instruct’,
local_dir='pretrained_models/CosyVoice-300M-Instruct"')
snapshot_download('iic/CosyVoice-ttsfrd', local_dir='pretrained_models/CosyVoice-
ttsfrd')

TEERERL AL
FETFET SMMERL BANREEPE— cosyvoice-30em FMELIT, MITATET test.py AFIT:



from cosyvoice.cli.cosyvoice import CosyVoice
from cosyvoice.utils.file _utils import load_wav
import torchaudio

cosyvoice = CosyVoice("third_party/Matcha-TTS/pretrained_models/CosyVoice-300M")
# zero_shot usage, <|zh|><|en|><|jp|><|yue|><]|ko|> for
Chinese/English/Japanese/Cantonese/Korean
prompt_speech_16k = load_wav("zero_shot_prompt.wav", 16000)
for i, j in enumerate(
cosyvoice.inference_zero_shot(

"W A AT T B SR AR E ALY, R A B 15 E S TR IR LA AL 30 TR TR T T A B AR, R
AW GER . ",

" AR LLIS RE S U L RIS L.

prompt_speech_16k,

stream=False,

)
):
torchaudio.save("zero_shot_{}.wav".format(i), j["tts_speech"], 22050)
HATER<:
export =third_party/Matcha-TTS

python test.py

cosyVoice E’\J,@Eﬁ*ﬂ %Uﬂiféﬁi—ﬂ’\] facebook/mms-tts-eng BE5, cosyVoice EEE}Ziﬁ%E’\JEﬂ'ﬂ%E
EFE T RKNYARIDEREMBEEHIRE,

HATRE BESERT LUSIE SR A ME EHLEAN— M E B EEIEIUHEIRTNE 1R
RIESISUHEIL ERIE .

YAl LA RS & Hhl, LA R iR M ES E AR i [0S
X—IRTISEIR ERE A RS SCARILLM T B NI ST,

AT LAEE BB AR E ollama, ARSI openaiffmEZ KA, BT LA Follama, Ef£1E
I ENSIIBARERTS TUREMN AR MRLRBA NG RAEE.

FastApiRIE 2 {EH

E—ETHIIR BEXAEERRIRERIER, AN SCESKERAIER.




RUGSE T FastApilX A—MREE Web R SSHMESEFSIX EARB SRk, F BN IR
5. AR ISR LI A RhttpiR ORI TURIAT FIEE ARSI AR RIES LA
R GHRIES AR ERSIA.

WERIRE
PR fastApi LSRR TR

pip install "fastapi[standard]"
pip install pytest

B (EH

SRS
BIE— PR service_eo1.py FISIHF AEIT:

from typing import Union
from fastapi import FastAPI

app = FastAPI()

@app.get("/")
def read root():
return {"Hello": "World"}

@app.get("/items/{item_id}")
def read_item(item_id: int, g: Union[str, None] = None):
return {"item_id": item_id, "q": q}

XE—ME RN ERRSS .

=) e
REXANERIRS I

uvicorn service_001:app --reload --port 8030



Hrh service 001 2 FH service 001.py BINHR, EEAYS030ERIREBENHIEO , --reload 2
1BIARSS Bohfa S5 E#.

ihlEARSS

ANERFA ME ARSI LRIV CodeiEZautoDLAYS TURYIE £ [E5_ EERYEs < 2 f& Befi 14 thvscode
SEIRBIX M IRSER A, FTLASEAE

o FANINESEPIIN http://127.0.0.1:8030/ B, NIZBEEZILME service_eo1.py FENH]

{"Hello":"World"}

o HEIAWNISETHN http://127.0.0.1:8030/items/12q=1 [B|1Z, NiZEEEE

{"item_id":l, llqll : lllll}

s B E—H75 I B2 Apy thon AR IERIBIAIX MRS X E— M ERTlifAYpy thonfAURS:

import requests

# Ri% FastAPI N H{E A M #8000 11z 1T
BASE_URL = "http://127.0.0.1:8030"

def test_read_root():
response = requests.get(f"{BASE_URL}/")
assert response.status_code == 200
assert response.json() == {"Hello": "World"}

def test_read_item():
# WA B A B SISO
response = requests.get(f"{BASE_URL}/items/1")
assert response.status_code == 200
assert response.json() == {"item_id": 1, "q": None}

# WL A A SIS O
response = requests.get(f"{BASE_URL}/items/1?g=somequery")

assert response.status_code == 200
assert response.json() == {"item_id": 1, "q": "somequery"}
if _name__ == " main_":

test_read_root()
test_read_item()
print("All tests passed!")

WNERHITIEHILE ALl tests passed! HBAIRSZ—IIIEER.

SH&E



RS
AT HIF SR —MERSEROEEE FA TR LUE R NS S S — MRitem_id EERUTERSRH —
MR BHIE [BSHEE.

from typing import Union
from fastapi import FastAPI

app = FastAPI()

@app.get("/")
def read_root():
return {"Hello": "World"}

@app.get("/items/{item_id}")
def read _item(item_id: int, g: Union[str, None] = None):
return {"item_id": item_id, "q": q}

(1Y E= Wik

http://127.0.0.1:8030/items/1?qg=1

SRrsH

MREE SIS NFEE[EBIBaseModel AN NEIRIFIF BIEE— 122 I ItemBYSE 4r 7K
BaseModel,ltem¥fEN ZNFER:

BIEE— service_e02.py 14 RBUT:



from pydantic import BaseModel
from typing import Union
from fastapi import FastAPI

app = FastAPI()

class Item(BaseModel):
name: str
description: str = None
price: float
tax: float = None

@app.post("/items/")
def create_item(item: Item):
return item

[Bshe:

uvicorn service_002:app --reload --port 8030

XABRSSHA AT LA pythonfXABSKIfIE], B2 —Mest_002.py {41z

1

T

B



import requests

BASE_URL = "http://127.0.0.1:8030"

def test create_item():
url = f"{BASE_URL}/items/"

payload = {
"name": "Test Item",
"description”: "This is a test item",

"price": 10.5,
"tax": 0.5

response = requests.post(url, json=payload)

assert response.status_code == 200
response_json = response.json()
assert response_json|["name"] == "Test Item"

assert response_json["description”] == "This is a test item"
assert response_json["price"] == 10.
[

assert response_json["tax"] == 0.5

vl

if __name__ == "__main__
test create_item()
print("Test passed!")

ll:lﬁ = Em

BERFNSRSEUEETLIE AR LB eI —A™ service_003.py :



from pydantic import BaseModel
from typing import Union
from fastapi import FastAPI

app = FastAPI()

class Item(BaseModel):
name: str
description: str = None
price: float
tax: float = None

@app.post("/items/")

def create_item(item: Item):
return item

@app.put("/items/{item_id}")

def update_item(item_id: int, item: Item, q: str = None):
return {"item_id": item_id, "item": item, "q": q}

[Bohe:

uvicorn service_003:app --reload --port 8030

MRS



import requests

def test create_item():
url = f"http://127.0.0.1:8030/items/123"
headers = {
"Content-Type": "application/json"

}
payload = {
"name": "Test Item",
"description": "This is a test item",
"price": 10.5,
"tax": 0.5
}
params = {
"q": "exampleQuery" # Wl q ZH
}

response = requests.put(url, headers=headers, json=payload, params=params)

print(“"status code",response.status_code)
print("response_json",response.json())

if __name__ == "_ main__ ":

test_create_item()
print("Test passed!")

BITERRE:

status_code 200

response_json {'item_id': 123, ‘'item': {'name': 'Test Item', ‘'description': 'This is a
test item', 'price': 10.5, 'tax': 0.5}, 'q': 'exampleQuery'}

Test passed!

S IHEE

fastApiIRSTIFRBIRAS U N E HE &2 T EEMNVEZEBFAS.
{EFastApiRIETTSIRS

TTSBRSS tts_service.py




BT RGEDR (EAFastApifiE— XFHIEEAITTSIRSS:

I%,EEE% ?9 .

1. SN AR R, VA cosyVoice TTSKIREY £ ZZEE wav {4

2. B ERwavsU IRAEBF SR ELE RERFHER—E Mwav

3. BRZRwav,Eid torchaudio.loadf&X L EIRLEN FHREILAIMR

4. F3 pythonfXBBIARENRS (BE&E—1T) XA A Freload IBNBSITER
F uvicornig SRIA T SIFRAER

STTEYCHES tts_service.py 81T



import os

from pydantic import BaseModel

from typing import Union

from fastapi import FastAPI, HTTPException

from cosyvoice.cli.cosyvoice import CosyVoice
from cosyvoice.utils.file utils import load_wav
import torchaudio

import glob
import torch
import uvicorn

non

R —A M fastApi K SCF 5 TE & IR %%

nuon

app = FastAPI()

def combine audio files(
file_pattern="save_zero_shot_*.wav",
output_filename="combined audio.wav",

# SR A VGBS A
files = sorted(glob.glob(file_pattern))

if not files:
raise FileNotFoundError ("% #k 2 ULHEC 1K SCAE")

# WAL — A7 1) F1 R AE i AR
audio_segments = []
sample_rate = None

for file in files:
# InEE O
waveform, current_sample_rate = torchaudio.load(file)

# RIS POCERRRER 5
if sample_rate is None:

sample_rate = current_sample_rate
elif sample_rate != current_sample_rate:

raise ValueError (" & Ml ST B RAEE RN AT—F")

# K S PEUE T N 2 71 2R
audio_segments.append(waveform)

# PHEITA EHUR B
combined_waveform = torch.cat(audio_segments, dim=1)

# ORAFPHE IS I DB B 48 2 S



torchaudio. save(output_filename, combined_waveform, sample_rate)

# B SR ) 22 A S
delete files(file_pattern)

# IR EE I A RSO R A
return output_filename

def delete files(file pattern="save_zero_shot_ *.wav"):
# SR A UGBS A
files = glob.glob(file_ pattern)

if not files:
print ("% A K BIVLESHSCH:, TEMEE. ")

return

# 3 M R AN SO
for file in files:
try:
os.remove(file)
print(f" MRS {file}")
except Exception as e:
print (f"MEECH: {file} WFH4E: {e}™)

# 3% BRI [ 7 ) CosyVoi ce s B SR HEAT SCABL 15 35 1 #E1F
# —E BCISAEJH AN TTS IR SS #48 2 1T, L E 612 export PYTHONPATH=third_party/Matcha-
TTS

import os
import torchaudio

def check audio_file validity(audio_file_path):

A F MO R IR .

:param audio file path: FHH LIS
sreturn: R IERIRE True, BNIR Al False JHFTEN4EE(E R
# WA SRR S
if not os.path.exists(audio_file_path):
print(f"#i%: XHAFAE: {audio_file path}")
return False

# BB RNRENE

file size = os.path.getsize(audio_file_path)

if file _size == 0:
print(f"#ix: X R/NAZE: {audio_file_path}")
return False

# RO E B



try:
info = torchaudio.info(audio file path)
print(f"3HEE: {info}")

except RuntimeError as e:
print(f"8#ix: TERBOCHEE: {e}")
return False

# ZalnEccf
try:

waveform, sample rate = torchaudio.load(audio file path)
except Exception as e:

print(f"#HiR: TTEMBE MM : {e}")

return False

# AR SN

if waveform.numel() == ©: # numel() R [FI5K& F1 )& HEL
print(f"#ix: WHEEHE AT : {audio_file path}")
return False

# RERERREGGH

if sample_rate <= 0:
print(f"#ix: RIEEAGVE: {sample_rate}")
return False

# WA EHE, RE True
print(f" 3 fF1E% : {audio_file_path}")
return True

cosyvoice = CosyVoice("third party/Matcha-TTS/pretrained _models/CosyVoice-300M")
prompt_speech_16k = load_wav(

"zero_shot_prompt.wav",

16000,
) # BN AELUUE, LA RS B LI AN 7 AL

class TextInput(BaseModel):
text: str

@app.post("/generate_audio/")
def generate audio(text_input: TextInput):
try:
print("HIARISCAR", text_input)

# AT CE PN B AR R

for i, j in enumerate(
# 282 M SHEIEMR, AEGE SR RG], I RS KR, ZH 2R UK, ZH
3R, B8 i A S B (1 HER
cosyvoice.inference_zero_shot(
text_input.text, # ELEEALIIES



"B LS R L BIE Gr ., # RS SO RN A, X R A U 1R

ft—1 2
prompt_speech_16k, # i L1}
stream=False,

torchaudio.save("save_zero_shot_{}.wav".format(i), j["tts_speech"], 22050)

# KA R A S A A

final _result file = combine_audio_files()

# REGRZ GRS IER

is_valid = check_audio_file_validity(final_result_file)
print(f" 3RS IER: {is_valid}")

waveform, current_sample rate = torchaudio.load(final result_ file)

print("waveform.numel()=",waveform.numel())
print("waveform. {10 Kff=",waveform[0, :10])

return {"waveform": waveform}

except Exception as e:
raise HTTPException(status_code=500, detail=str(e))

if __name__ == "_main__ ":
uvicorn.run(app, host="0.0.0.0", port=8030, reload=False)

BimXMNREINA X CEEIREPYTHONPATHE AR, AIASIRE):

export =third_party/Matcha-TTS
python tts_service.py

TTSPRSSMELACHES tts_service_test.py

/)ﬂ”lit'f'ﬁﬁgj tts_service_test.py ﬁD—F,EﬁJE’\JH:T:Cx% python tts_service_test.py:



import requests

BASE_URL = "http://127.0.0.1:8030"

def test_generate_audio(text):
url = f"{BASE_URL}/generate_audio/"
payload = {"text": text}

response = requests.post(url, json=payload)
assert response.status_code == 200

response_json = response.json()

print ("R TEE 4RI

if __name__ == "__main__
speech = """
RELA A AR 5, K 5K AT !

A REAVIIEAEC R, RN T P A IEAREAIROR S, A2 7T &t T 5 138y )
1 E SRR I T A R0, HATERE 5 A AL R 22 5 IR, TR IR, B, Bt
PEi |

A2 7 TR TIABUE , A1 T BB A1 5550 % B T 63— A, 49K L
R AR A TR T, SR BT TR T R IR A0 4, I SRR,

i,

IR, BATX B NTEGEHA — 2/ alo ERIn , B A I 2 38 5 82 5 R ofr 4, T “BH” B B RHR
W5? (NHTERZ AT 238, EIRAA S 7], 558 B ik i — R ARG Ui !

A, RE RGP SR RATHR AAT. B ARNTISIRE , 3ATTR AT BE 78 XA RTH 1. =21, 341
2] 7, FATEAIME] 71 Bl

GeFER M X G NTE A BA 2R KIEE? )
CREANEE B2 B3R EEME, RIEETELZE R, )
TR !
(RS
test_generate_audio(speech)

L EIXFHSI ARG, FA ISR, TTSRBL a4 A 25 B wavaZ( ATE R — MR RYway,
LFERITTSIRSS SR ERERIwav IR TR, R BILS RS JH A B LUSIX R EERE!



gr.Audio NIRRT,

(EFastApiBIZBSTTHRSS

STTARSS RIS AREHURI A R RERA STTHREL,

RIS EEFSTT.
Ll
IRSSim

stt_service.py



from fastapi import FastAPI, UploadFile

from fastapi.responses import JSONResponse

from funasr import AutoModel

from funasr.utils.postprocess_utils import rich_transcription_postprocess
import os

app = FastAPI()
model dir = "iic/SenseVoiceSmall"

model = AutoModel(
model=model_dir,
trust_remote_code=True,
remote_code="./model.py",
vad_model="fsmn-vad",
vad_kwargs={"max_single_segment_time": 30000},
device="cuda:0",

@app.post("/stt/transcribe/")

async def transcribe(file: UploadFile):
# P EAR SO A A
audio_bytes = await file.read()

temp_file name = "temp_audio.wav"

# K — HEHURE DR AT 9 i N ST
with open(temp_file_name, "wb") as f:
f.write(audio_bytes)

# ffif] funasr BEATIEE IR

res = model.generate(
input=temp_file_name,
cache={},
language="auto", #
use_itn=True,
batch_size s=60,
merge_vad=True,
merge_length_s=15,

" " " " we_n

zn", "en", "yue", "ja", "ko", "nospeech"

# AT 5 b
text = rich_transcription_postprocess(res[0]["text"])

# B3 e I SO
os.remove("temp_audio.wav")

return JSONResponse(content={"text": text})

if __name__ == " main_ ":



import uvicorn
uvicorn.run(app, host="0.0.0.0", port=8040, reload=False)

izt ALE3
HENMBEFSTTSRMRHRR T S AR gradiolBREAIUITL:

import gradio as gr
import requests

def transcribe_audio(audio_path):
# PLHCE OO IT R IAE] FastAPI
with open(audio_path, 'rb') as f:
audio_bytes = f.read()

response = requests.post(
"http://127.0.0.1:8040/stt/transcribe/",
files={"file": ("audio.wav", audio_bytes, "audio/wav")}
)
return response.json().get("text", "JCVEIREUELE L")

iface = gr.Interface(
fn=transcribe_audio,
inputs=|
gr.Audio(type="filepath", label="st & & &4"), # [ source %
1
outputs="text",
title="1HHH L FHR",
description="_Ff& & WO B H 22 50 KRR B AT 1B B 0 r i,

iface.launch()

RESRUT:
IESENTET
HESR SRR RN E S e S itiE,
FEXEER output

R, (R, EREE— FSARNIEEE.

Flag

e

Clear Submit

EMERANEMNEE FIEFEEM AEREL 5 Rsubmit JLUBRAEELRRIES AEEANIE
ARV NESN



{EFastApiliELLMARSS

ZRIEALLMARSS B BB — AR R E IR T B HSL gt MERNIXE T B B2 N EEE
B3 BEiIE1T.

IMRRS

XERTFHERUEAETEAE AESEINET (B NMEAEEKBRSHE NmREE=E)
E#ERRY funsariiis, FEFEAERBLCE/NY qwen2.5-0.5b:

INGFRCE:

conda activate funsar
conda install ==1.10.0 =11.3 -c pytorch

pip install transformers accelerate
pip install -U huggingface_hub
pip install "fastapi[standard]"

conda install ipykernel
python -m ipykernel install --user --name llm --display-name "Python 3.8 (1lm)"

# T

pip install modelscope

modelscope download --model Qwen/Qwen2.5-0.5B-Instruct --local dir Qwen/Qwen2.5-0.5B-
Instruct

RinARSS



from fastapi import FastAPI, Request

from fastapi.responses import JSONResponse

from modelscope import AutoModelForCausallM, AutoTokenizer
import torch

app = FastAPI

# AR AN 73 n] 4
model_name = "Qwen/Qwen2.5-0.5B-Instruct”
model = AutoModelForCausallLM.from_pretrained
model name
torch_dtype="auto"
device_map="auto"

tokenizer = AutoTokenizer.from pretrained(model name

"/1llm/generate_text/"

async def generate_text(request: Request
data = await request.json
prompt = data.get("prompt"

if not prompt

return JSONResponse(content={"error": "Prompt is required" status_code=400
messages =
"role": "system", "content": "You are Qwen, created by Alibaba Cloud. You are

a helpful assistant.™
"role": "user", "content": prompt

text = tokenizer.apply_chat_template
messages
tokenize=False
add_generation_prompt=True

model inputs = tokenizer([text return_tensors="pt").to(model.device
generated_ids = model.generate

**model_inputs

max_new_tokens=512

generated_ids =
output_ids[len(input_ids for input_ids, output_ids in
zip(model _inputs.input_ids, generated_ids

response = tokenizer.batch_decode(generated_ids, skip_special_ tokens=True)|©



return JSONResponse(content={"response": response})

if _name__ == " main_":
import uvicorn

uvicorn.run(app, host="0.0.0.0", port=8050)

BTzt



from modelscope import AutoModelForCausallLM, AutoTokenizer
model_name = "Qwen/Qwen2.5-0.5B-Instruct”

model = AutoModelForCausallLM.from_pretrained
model name
torch_dtype="auto"
device_map="auto"

tokenizer = AutoTokenizer.from pretrained(model name
prompt = "ZIREE— A KB A"

print (" fRAYHE A 2"

print(prompt

messages =

"role": "system", "content": "You are Qwen, created by Alibaba Cloud. You are a
helpful assistant."

"role": "user", "content": prompt

text = tokenizer.apply_chat_template

messages

tokenize=False

add_generation_prompt=True
model inputs = tokenizer(|text return_tensors="pt").to(model.device
generated_ids = model.generate

**model_inputs

max_new_tokens=512
generated_ids =

output_ids[len(input_ids for input_ids, output_ids in
zip(model_inputs.input_ids, generated_ids

response = tokenizer.batch_decode(generated_ids, skip_special_tokens=True)[©

print("================Ai[{[0] & & ============"
print(response

gradio Ul

6 LEEBTMNESE! gradio 7,



import gradio as gr
import requests

# FastAPI f5AyHbhl
FASTAPI_URL = "http://127.0.0.1:8050/11m/generate_text" # T NIRI FastAPI ARS5Huk

# 5 ORIETE R IF oR £
def send_request(prompt):

Wit HTTP 53R IAA FastAPT JR%5AE A
try:
# Ki% POST iR
response = requests.post(
FASTAPI_URL,
json={"prompt": prompt}, # 14/ prompt
timeout=60, # W EHN AN 60

# 4 A e NOR AS AL

if response.status_code == 200:
# KRBV U SO
result = response.json()|["response"]
return result

else:
return (

iR EM, IRAFS: {response.status_code}\niiz{5 5 : {response.text}"
)
except Exception as e:
return f"iERHE: {str(e)}"

# & Gradio FTH

def create_gradio_interface():
# % X Gradio HAARI%H
inputs = gr.Textbox(lines=5, placeholder="ig%i A{RIHE ... ", label="%i X\ Prompt")
outputs = gr.Markdown(label="AI [J[FZ&") # & EHH N Markdown %

# 0% Gradio FIm
interface = gr.Interface(
fn=send_request, # i Ri%EE R KA EL
inputs=inputs, # HAAE
outputs=outputs, # fiiiiE
title="3CA CHR& MR,
description="%I AR A8, AL KBl FastAPI AR AMRAEREIZ. ",
examples=|
["EEERE — T A R ],
["NA—TF AN LIRS,
["IREEIFRBEREFAKRR? "],



1,
allow_flagging="never", # 251/ hrid

return interface

# 5%) Gradio L

if __name__ == "_main__

interface = create_gradio_interface()
interface.launch(share=True) # share=True 70V} JLBEHE

WA EIN T

SRS iz
AT, Al ST FastAPl B IREREE,

) Prompt FREYIR NSRS, THRCEPERENARIT BT, SZAEIIRAEE (Big Model) , &
SERERDOASNSNAERE, SHNTERE RS,
RES IR 455 ; 3} L
TEREINE, AEEORIMAEI A S, SR T RIS, (U, BERT,
GPTE MRS SRR T 2.
AN AREE S
7 URESS BUSASMMRES, ALISIBRISERTAL, KR ST RS L
T, TR D A RS IS IR, PR TR,
Clear Submit 2 KR BiSSEANSSMSMERAISERTA, ST UEIRS, IR SRS ES
. HIEE AT EAIEEAATEANESE, RS RH AT,
3. MR AT A SRR A SR Y, TIAEUB S SRS A TR o
1, AT AT,
4 PHESINE: RECUERIBIT BRI, [EREAILEIE L, TSRS, TR
IHUASITE. SR TR I A,

SREFTR, RESS) FHTECERIREE T ER, TIAEEINIZIERESY SRR R RERI—FEATS, s
EIBIER, R T A TERAES AR,

SLEESEG)

GRBBLSHEENWSMET, FMBRUEN, KEENHME ASBATTEE, EEX
IBEHIAZR.
FTLAREZRERINIE iIE SN -> AIES RS XNNRETE, eI,

TESIHREARE:

UIRE gradio fiilifik . py



import gradio as gr

import requests

import numpy as np

from requests.exceptions import RequestException
from gradio import processing utils

def transcribe_audio(audio_path):
# PLHCE S IR R IA B FastAPI
with open(audio_path, "rb") as f:
audio_bytes = f.read()

response = requests.post(
"http://127.0.0.1:8040/stt/transcribe/",
files={"file": ("audio.wav", audio_bytes, "audio/wav")},
)
return response.json().get("text", "LIERKEBUEE LR

# H P Ui
def user_speaks(audio_path, history):
print("#4T user_speaks")
if not audio_path:
return None, history

print("audio_path", audio_path)
# RED FxREHE, WARER LSS STTIRS, FHRBIERCFE
user_message = transcribe_audio(audio_path)

print("EEHRMILSE R L ", user_message)

[IRTRT]

AR AL R A A B R B

:param user_message: /I E

:param history: HiKid3¢

sreturn: BEETE B R0 AN 2 ) SCAHE

if user_message.strip():
print("history:", history)
print("user_message:", user_message)
¥ P RE S st sz, Bl kB
:param history: HjlXids¢t
:param user_message: /7 HE
sreturn: BT BOEI R0 3%
formatted_user_message = f"{user_message}"
formatted_ai_response = f"[fiid L "
history.append((formatted_user_message, formatted_ai_response))
return None, history

else:



return None, history

# 8 SURIETE R 1) R 2L
def send 1lm_request(prompt):

[IRTRT]

it HTTP i5RIAM FastAPT AR4SAE R CA.
try:
# ik POST 3K
response = requests.post(
"http://127.0.0.1:8050/11m/generate_text",
json={"prompt": prompt}, # 1%/ prompt
timeout=60, # WEHKKIE 60

# A BOR S

if response.status_code == 200:
# R B SO
result = response.json()|["response"]
return result

else:
return (

R RIM, IRATS: {response.status_code}\nffi%{5 S : {response.text}"
)
except Exception as e:
return fIERHE: {str(e)}"

def 1lm_answer(chat_history):
question = chat_history[-1][0] # {R¥E—XHidx, Hefi®H, & K& HNE
chat_history[-1][1] = "" # JGIEAIIEIEES
1lm_result = send_11m_request(question)
print("HREMEIEZE->", 11m_result)
chat_history[-1][1] = 1lm_result
return chat_history

def play audio(chat_history):
text = chat_history[-1][1]
url = "http://127.0.0.1:8030/tts/generate_audio/"
payload = {"text": text}
print("payload->",payload)
response = requests.post(url, json=payload,timeout=60,) # % & ][
print("response.status_code->",response.status_code)
if response.status_code == 200:
if response.content:
return response.content # B #%iR [0 AEHE
else:
return None
else:



return None

with gr.Blocks() as demo

# R0 IE AE

chatbot = gr.Chatbot
elem_id="chatbot"
show_copy_all button=False
show_copy_button=True
label="Ijl XL+ ABOT"
show_share_button=False

with gr.Row
#ABERA

microphone = gr.Audio(type="filepath"

}\ "
#IEE XN

sources="microphone"

label=" [\ {5 i%

interviewer_microphone = gr.Audio(label="[i{7",autoplay=True

microphone.change
user_speaks
inputs=[microphone, chatbot

outputs=[microphone, chatbot

then
fn=11lm_answer
inputs=[chatbot
outputs=[chatbot

then
fn=play_audio
inputs=[ chatbot
outputs=

interviewer_microphone

demo.launch



InSEIN T

B ABOT

L EEA % HHE

@ Record RN - INEETENL... 43

E7573ChatBotiIRAE, FHAEMNEAREARNESRA, TIERENT:

o HIMREARNIES

o STTIRSIEERMIF

o GHALIERISAELELLM FER XARISE

o TTSERSIENAEMIES, FiRELSFRE

o HE FAAMNNEXEAudicBHINEIES R EBER

J=EIEHEI:NYSE WSk

python gradio ML . py

ttshRSS tt s_service.py

TTSIRSENFRER LENEY, XERYIHMImEH:



import os

from pydantic import BaseModel

from typing import Union

from fastapi import FastAPI, HTTPException

from fastapi.responses import FileResponse, JSONResponse

from cosyvoice.cli.cosyvoice import CosyVoice
from cosyvoice.utils.file_utils import load_wav
import io

import torchaudio

from scipy.io.wavfile import read as wav_read

import glob
import torch
import uvicorn

non

Kot — M fastApit BN SO AR F IR S5

app = FastAPI()

def combine audio files(
file_pattern="save zero_shot_ *.wav",
output_filename="combined_audio.wav",

# SRIUITA UL RS S
files = sorted(glob.glob(file_pattern))

if not files:
raise FileNotFoundError("¥#7 #& | UCHEC 1) SC4F")

# WILEA— A7 51 R AT At S
audio_segments = []
sample_rate = None

for file in files:
# N P AT:
waveform, current_sample rate = torchaudio.load(file)

# ORI A B OO B R R — 3
if sample_rate is None:
sample_rate = current_sample_rate
elif sample_rate != current_sample_rate:
raise ValueError ("4 & 4 SO 1 SKAE R DA 00— 8

# K S IEUE T N 2 71 2k
audio_segments.append(waveform)

# PHEITA S B



combined_waveform = torch.cat(audio_segments, dim=1)

# DRAFDHZ S I & PR 248 2 S

torchaudio.save(output_filename, combined waveform, sample_ rate)

# MR R R ) 22 A S0
delete files(file_pattern)

# IR [°l & I J5 S A
return output_filename # U5 F|IX AN SCHF ) 465t 4%

def delete_files(file_pattern="save_zero_shot_*.wav"):
# SREUITA VL RS A
files = glob.glob(file_pattern)

if not files:
print("WHELBICE KIS, THREMEE. ")

return

# 3 7 I R RS SCA
for file in files:
try:
os.remove(file)
print(f"CMIERCH: {file}")
except Exception as e:
print(F"MEE M {file} WH4E: {e}")

# X B PR E = CosyVoicetdt B SK AT SUA I 155 1 E
# —EEICEER B TISIRG S 2 i, W EH1E export PYTHONPATH=third_party/Matcha-
TTS

import os
import torchaudio

def check audio_file validity(audio_file_path):

A F MO IR .

:param audio file path: FHHi LI HIKE
sreturn: WHRSCHIERIRE True, HNIRE False FE4TENELIR(E B
# WA SR S AEAE
if not os.path.exists(audio_file_path):
print(f"#i%: XHAFLE: {audio_file path}")
return False

# AR EAE

file size = os.path.getsize(audio_file path)



if file_size ==
print(f"45i%: XK/ RNE: {audio_file_path}")
return False

# ZERBOUHE B

try:
info = torchaudio.info(audio file path)
print(f"3HEE: {info}")

except RuntimeError as e:
print(f"&#ix: TERBOCHER: {e}")
return False

# ZulmaEscst
try:

waveform, sample rate = torchaudio.load(audio file path)
except Exception as e:

print(f"#i%: TEMEHFHCH: {e}")

return False

# WEBRIEEIE ST

if waveform.numel() == @: # numel() iR [FI5K & F )& BEL
print(f"#ix: WHEHE AT {audio_file_path}")
return False

# MERFEREGEH

if sample_rate <= 0:
print(f"#iiR: RAEFANAEIE: {sample_rate}")
return False

# WRprA K AEEET, &RE True
print(f"XCfF1E¥ : {audio_file path}")
return True

cosyvoice = CosyVoice("third_party/Matcha-TTS/pretrained_models/CosyVoice-300M")
prompt_speech_16k = load_wav(

"zero_shot_prompt.wav",

16000,
) # EN—AFELOE, kAR TR B A AL

class TextInput(BaseModel):
text: str

@app.post("/tts/generate_audio/")
def generate audio(text_input: TextInput):
try:
print("HIARCARZ", text_input)

# PATZERCE S BRI R



for i, j in enumerate(

# 2802 M SHMERRE, AERTET R —

SRR TEE, P m A s B AR
cosyvoice.inference_zero_shot(
text_input.text, # REiHE{b)iE ¥
" AR LLE RES A L Ris gy .
prompt_speech_16k, # i L1F
stream=False,

Mol PERMN KR, SH2ECK,

# B AR, R IER AR HIE R

torchaudio.save("save_zero_shot_{}.wav".format(i), j["tts_speech"], 22050)

final file name = "combined audio.wav"
# BT IS B AL R — A
final_result_file =

# B IEFK T
if os.path.exists(final file name):

# WRSCPRAEAE, 3R 85 A

print(f"{final_file_name} f7#7E, 1L iR (A4

combine_audio files(output filename=final file name)

return FileResponse(final_file_name, media_type="audio/wav")

else:
# IR SCAEAEAE, IR 8] A

print(f"{final_file_name} AfF{E, IE¥ IR A4, 1 im404")
# WRSCHEAAAE, R B — DM E RS S JSON. Wi B

return JSONResponse(
status_code=404,

content={"error_code": 404, "message": "Audio file not found"}

except Exception as e:

raise HTTPException(status_code=500, detail=str(e))

if __name__ == "_main__ ":

uvicorn.run(app, host="0.0.0.0", port=8030, reload=False)

TEEIXERY generate_audio 57k, FERZRIEIE T A FileResponse BUATHE SR
XEREA _EEETHRwaveformBIA R EIRBEIRIEMIN.

[BENTTSERSBH A :

source activate cosyvoice
export PYTHONPATH=third_party/Matcha-TTS
uvicorn tts_service:app --reload --port 8030

[EIZ55M5R,



LLMBRESS 11m_service.py



from fastapi import FastAPI, Request

from fastapi.responses import JSONResponse

from modelscope import AutoModelForCausallM, AutoTokenizer
import torch

import json

app = FastAPI()

# IR N 53] 2%
model name = "Qwen/Qwen2.5-7B-Instruct”
model = AutoModelForCausallM.from_pretrained(

)

model name,
torch_dtype="auto",
device_map="auto"

tokenizer = AutoTokenizer.from_pretrained(model_name)

# WIUEA DT ek
history = ||

@app.post("/1llm/generate_text/")
async def generate_text(request: Request):

global history
data = await request.json()
prompt = data.get("prompt", "")

if not prompt:
return JSONResponse(content={"error": "Prompt is required"}, status_code=400)

# K PR R B E I sl
history.append({"role": "user", "content": prompt})

# MEHEESR, BEPRidx
messages = |
{"role": "system", "content": "You are Qwen, created by Alibaba Cloud. You are

a helpful assistant."},

| + history

formatted json = json.dumps(messages, indent=4, sort_keys=True,

ensure_ascii=False)

print("history",formatted_json)

text = tokenizer.apply_ chat_template(
messages,
tokenize=False,
add_generation_prompt=True

model inputs = tokenizer([text], return_tensors="pt").to(model.device)



generated_ids = model.generate
**model_inputs
max_new_tokens=512

generated_ids =
output_ids[len(input_ids for input_ids, output_ids in
zip(model_inputs.input_ids, generated_ids

response = tokenizer.batch_decode(generated_ids, skip_special_tokens=True

# CREATH R N I 2 B s il sk e
history.append({"role": "assistant", "content": response

return JSONResponse(content={"response": response

if __name__ == " main__

import uvicorn
uvicorn.run(app, host="0.0.0.0", port=8050

EEILLMBRSS RIS

uvicorn 1llm_service:app --reload --port 8050

STTHRSS stt_service.py



from fastapi import FastAPI, UploadFile

from fastapi.responses import JSONResponse

from funasr import AutoModel

from funasr.utils.postprocess_utils import rich_transcription_postprocess
import os

app = FastAPI()
model dir = "iic/SenseVoiceSmall"

model = AutoModel(
model=model dir,
trust_remote_code=True,
remote_code="./model.py",
vad_model="fsmn-vad",
vad_kwargs={"max_single_segment_time": 30000},
device="cuda:0",

@app.post("/stt/transcribe/")

async def transcribe(file: UploadFile):
# P AR R SO NS
audio_bytes = await file.read()

temp_file name = "temp_audio.wav"

# K — HEHURE DR AT 9 i N ST
with open(temp_file_name, "wb") as f:
f.write(audio_bytes)

# M funasr BEATIEE IR

res = model.generate(
input=temp_file_name,
cache={},
language="auto", #
use_itn=True,
batch_size s=60,
merge_vad=True,
merge_length_s=15,

" " " " we_n

zn", "en", "yue", "ja", "ko", "nospeech"

# AT 5 b
text = rich_transcription_postprocess(res[0]["text"])

# I s o SO
os.remove("temp_audio.wav")

return JSONResponse(content={"text": text})

if __name__ == "_ main_ ":



import uvicorn
uvicorn.run(app, host="0.0.0.0", port=8040, reload=False)

JBEASTTIRSSHYTS /9

uvicorn stt_service:app --reload --port 8040
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