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« —AJiE: A ASR D WebSocket SZEFEAA AR &

- EME: ESEFIE. Z PR B T WA EIA 24 LSRR E X, *FEAE OpenAl
Realtime #MXSZH. FRESMIRIT. BERZ—EMHELIE (HTTP SSE vs WebSocket) &
RE%2IMME, EIXKIFE session.py BRSFEERITAR streaming_asr.py 8
emitted_text 25l

THRES B

8] B PR body: 'Real-time use cases (live captioning, voice assistants, meeting
transcription) need the opposite direction: the server accepts audio as it arrives and
pushes partial transcripts back as the speaker talks.' % PR 523\, RFC #22474 89 M1 K
BB, R ESTHUMANIERA, AT #22089 (XX IFEEXH EEERRNMH,

LI RE

1. #3E realtime/ & (protocol.py, session.py, handler.py) : & X OpenAl F&H
Pydantic #hiX#&% . RealtimeConnection JRASHL. WebSocket A0,

2. FMEEE : http_server.py &0 /v1/realtime WebSocket B8,

3. NB&3E: handler.py SEHFEERE (BAEEZTRIFAN. HARE) , #E
asyncio.Semaphore & #| & ARZEFEE, REEIEZE RealtimeConnection 3T EHEIR,

4. RIEETR: session.py By RealtimeConnection EF=ARNERRZS (_SessionConfig.
_AudioState, _ItemState) , 432 session.update.
input_audio_buffer.append/commit/clear &4, A process_asr_chunk JEzhH ASR #
I, FEERESEBEMN (delta, completed &) , XFFMIEK delta B sglang ¥ &,

5. RAZOSEMN: streaming_asr.py J& StreamingASRState 3 hn emitted_text fo
_record_emit, (EERIBREIRIER k4L 8] ; #3E normalize_whitespace.
needs_space. process_asr_chunk &% — HTTP SSE fn WebSocket 13,

6. BB S5IERS: server_args.py ¥ --asr-max-buffer-seconds (&g ER) fo
—-asr-max-concurrent-sessions (& & LK) . transcription_adapters/base.py 30
model_sample_rate B EXAEER,

7. MR : test_gwen3_asr.py ¥ L iE=MRAFr WebSocket SHAZMIR, ©4 WER BiE, #
ToMREN T needs_space B IEM.
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python/sglang/srt/entrypoints/openai/realtime/session.py (13 £iEZIE; K F| source
; BRI core-logic; fF5 _resample_to_target_rate, _pcm_to_wav,

_parse_client_event, _SessionConfig) : ZRSHL, RS IEEGRER. SME .
ASR #EMAfEHLE, BE 740 fTHNREE,

python/sglang/srt/entrypoints/openai/realtime/handler.py (#3k NDO#H|; 3£ source

; A entrypoint; 5 _safe_send, safe_close, _reject_before_session,
handle_realtime_transcription) : WebSocket A0 &, #IEEHFEESZ. FLRE. AIER
i EE, 2EA /vi/redltime BIREAND,
python/sglang/srt/entrypoints/openai/realtime/protocol.py (i thiXE X ; 25|
source; A core-logic; 5 AudioPCM, AudioPCMU, AudioPCMA,
AudioTranscription) : &X WebSocket ThiX 8978 EMER, ¥ OpenAl #5# schema 5
sglang & (0% XERLXHF) Mk,

python/sglang/srt/entrypoints/openai/streaming_asr.py (3 R ; 25| source;

KA core-logic; %5 _record_emit, normalize_whitespace, _is_cjk, needs_space) :
TN ASR ZwiZ8, BEMBER. Z—SA&KIE, 1 HTTP fa WebSocket H£EH
process_asr_chunk ¥k,

test/manual/models/test_qwen3_asr.py (13 ASR MiR; 23| test; XA test-coverage
; 45 _normalize_for_wer, wer, pcm16_from_audio_bytes,
_stream_websocket_async) : FEIMERXMH, #73E WebSocket RARMIR. £i&8F WER
ISE, Hafr OOM & E,

python/sglang/srt/entrypoints/openai/serving_transcription.py ({3 #FRSE; 25|
A 22

source; XM refactor; &5 handle_websocket) : A% HTTP SSE &2, &£ shared
needs_space A1 process_asr_chunk, MR RZIE,

XS _resample_to_target rate, pcm_to_wav, _parse_client_event,
RealtimeConnection.init, RealtimeConnection.run, handle_realtime_transcription,
_safe_send, _safe_close, reject _before_session, process_asr_chunk,
normalize_whitespace, needs_space, StreamingASRState.get_prefix_text,
StreamingASRState.update, StreamingASRState.finalize,
StreamingASRState._record_emit
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python/sglang/srt/entrypoints/openai/realtime/protocol.py

E X WebSocket X B BAER, I OpenAl #5& schema § sglang 78 (0% RHER X
) M.

"""Wire schema for Realtime WS transcription sessions."""

from __future__ import annotations

from typing import Literal, Optional, Union

from openai.types.realtime import SessionUpdateEvent as _SessionUpdateEvent



from openai.types.realtime.audio_transcription import (
AudioTranscription as _AudioTranscription,

)

from openai.types.realtime.realtime_audio_formats import AudioPCM as _AudioPCM

from openai.types.realtime.realtime_audio_formats import AudioPCMA as _AudioPCMA

from openai.types.realtime.realtime_audio_formats import AudioPCMU as _AudioPCMU

from openai.types.realtime.realtime_transcription_session_audio import (
RealtimeTranscriptionSessionAudio as _AudioCfg,

)

from openai.types.realtime.realtime_transcription_session_audio_input import (
RealtimeTranscriptionSessionAudiolnput as _AudiolnputCfg,

)

from openai.types.realtime.realtime_transcription_session_create_request import (
RealtimeTranscriptionSessionCreateRequest as _SessionCfg,

)

from pydantic import Field

from typing_extensions import Annotated

# YEFIERIEERHERNNERIAME (OpenAl SDK EZEA 24000)
DEFAULT_INPUT_SAMPLE_RATE = 24000

# ZIFHNMAXHEER (T RET OpenAl B9{X 24000, FBEH WX KA ASR #A)
SUPPORTED_INPUT_SAMPLE_RATES = (16000, 24000, 48000)

class AudioPCM(_AudioPCM):
# B % SDK 3&#| Literal[24000], A&t EEREMA
type: Literal["audio/pcm"] = "audio/pcm"
rate: Optional[int] = None

class AudioPCMU(_AudioPCMU):
type: Literal["audio/pcmu"] = "audio/pcmu"

class AudioPCMA(_AudioPCMA):
type: Literal["audio/pcma"] = "audio/pcma"

AudiolnputFormat = Annotated|
Union[AudioPCM, AudioPCMU, AudioPCMA],
Field(discriminator="type"),

class AudioTranscription(_AudioTranscription):
# sglang XIFEE ASR AL, RREA whisper-1 &, ZF R TTIREAMMER L

model: Optional[str] = None



class TranscriptionSessionAudiolnput(_AudiolnputCfg):
format: Optional[AudiolnputFormat] = None
transcription: Optional[AudioTranscription] = None

class TranscriptionSessionAudio(_AudioCfg):
input: Optional[TranscriptionSessionAudiolnput] = None

class TranscriptionSessionConfig(_SessionCfg):
audio: Optional[TranscriptionSessionAudio] = None

class SessionUpdateEvent(_SessionUpdateEvent):
session: TranscriptionSessionConfig
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& P EMBGRE MR IREIT:

« MX3EFFE: AgainstEntropy ZZIXEIFEE A OpenAl Realtime X, SammLSH REHHX
I, (XERE DK sglang ¥ &,

- 3EBLEE AR Avoid accessing private _adapter, PXAFE handle_realtime_transcription
¥ PEN adapter o tokenizer_managers,

- EXAEE: librosa EWEF, AgainstEntropy ZIEHA torchaudio, SammLSH BE#,

YRR KTclient_model RIEEIEL, ZEEMIRREIZ, HFREEFH T IIRMAIARLI,

. ¥X%EFE: OpenAl Realtime #rAEM (design): & WIXE OpenAl FERE, RIFE DK
sglang ¥ & (F#EX delta) ,

« EELRHE A N (design): handler 4 A#EUK adapter #8 tokenizer_manager, &3]
F OpenAlServingTranscription,

« EXMEYH# (librosa -> torchaudio) (performance): B&#A torchaudio, 7oA E
i,

- client_model RIEECALIE (correctness): RAIRE, A EEES&X not_supported $8i%.

- FEMIREEELZ (performance): # append FF PN EF/FH A,

R a5 7

c QR FERE:
« HERRMEF: B WebSocket HEAPEFIXAnPIRES, RKREEZETHESBRNEE
i, —asr-max-concurrent-sessions B[R, 189 BEFE LS IKE K,
- MXFEEME: FURK delta fRE OpenAl g, ZEFinE T HEE OpenAl XA 7 AEER
XEEM, BRA commit FFENE, EbRmEAa R,
« EXFRE: M librosa 1t torchaudio T BEXTRIR AR & RAFER G WM E R, BME
B ZMEA torchaudio,



« RASHLIEFME: streaming_asr.py B get_prefix_text A confirmed_text B& A
emitted_text B E EBRER, B gER R L ZpR, SBEIINIRRIE,

« R AP BN ws://host/vl/realtime AT HE OpenAl BRI ASR, TF
WX L5, HRREEIF RS, B4 M2 ¥5] AN Producer-Consumer R —35
it RGHABRZIFLRERIF

« RFQFRIT: # WebSocket 3 , FATEETRREAR , MPGEEMEZR , RONERE

KERBKL

« PR #22073 [Feature] Qwen3-ASR model support: Qwen3-ASR & X 2 A PR Byl
, AR PR FEMERE BRI AR NEEA

« PR #22089 [Feature] Add chunk-based streaming ASR for Qwen3-ASR: Ri/F HTTP
SSE MAHE, &R PR EFEH streaming_asr.py WitHEE B EIR -,

« PR #22474 [RFC]: Real-Time Streaming Audio Input for ASR Models: & PR 23,7 1%
RFC 89 M1 BB, & XIMIRAaZEM 7 [,



