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HATHRE

« —4]iE: A Qwen2-Audio / GLM-ASR / Granite Speech ¥ FE5Z ASR 3%

- EME: EEREIR, % PR ERTESHESRSEL TR FRAEMERMES HEERER
BRBRAHOR: EEREIM + RAKE (build_sampling_params /
build_verbose_response) + ZHRREE + RKME LK, LHEINKE
resolve_adapter I FB LR, UE Qwen2-Audio BElE S O &N XL FHARTK
3| warning BJiRITERE,

THRES B

PR body BAFAFE L : LEIX =/ decoder-only EZ &R & # Fik 5.4 falling back to the
Whisper adapter”, i1 Whisper £ B 5%k (_detect_language. 3&&IIEE / FFRIER) Xk
BRI R X HE; R /vli/audio/transcriptions &% 8 text="" REH I AT, FHRRERE
FHETDAE R, BriEk K, AEZAGMA LN T BERESRTRREE, TR
BESIAT B ASR RS

SCEN AR
ST 5 NS REF

1. IR REREIIM: FTZE python/sglang/srt/entrypoints/openai/transcription_adapte
rs/glmasr.py. granite_speech.py. gwen2_audio.py, 2%l GImAsr. GraniteSpeech.
Qwen2Audio ASEMEFHSZIN, supports_language_detection=False; &/ NiEED I,
build_sampling_params (temperature + #ZEME K45 B 448 token T FRAY
max_new_tokens) 5 build_verbose_response (language=None. % segments) ;
GLM-ASR #/MsZ3, postprocess_text F BRI H Y assistant BRI 53| 5, FBK
WER, transcription_adapters/init.py El# KRS H 5 FMEE,

2. BRI TR §HX /vl/audio/transcriptions B text="" 3%%&, 7 gwen_audio.py 5
% ¥ processors/glmasr.py FH3% _build_transcription_prompt(), &3
apply_chat_template JEZ M EH G AFRIXTIERENR; transformers_auto.py 3% audio
%5 build_audio_prompt(), 38 audio_token_index ¥ BEZHM token &Ik, 1RiE
Granite Speech B2 AEHEAN <laudiol> HALR,

3. AR FEMMEE : base_processor.py ¥ GraniteSpeechProcessor A audio= X#
FALE, RACEANEFRR audio= HMIECEF audios=,



4. BRMZSERMEXTT: &S python/sglang/srt/models/glmasr.py

GlmAsrForConditionalGeneration.get_audio_feature, #% 30s & O EARIB B L. 1K
#E input_features_mask & conv FXAL5 merge_factor X REARIKA, FERALK
E5FI EMLF token $—3K; Qwen2-Audio processor 3&#l| truncation=True ¥t

30s BB BIEE 3000 mel E0, HFE _warn_if_audio_exceeds_window E4H

+
Mo

. MERECE: #F3E test/registered/unit/entrypoints/openai/test_transcription_adapters.py

, JEME| CPU CI (suite=base-a-test-cpu, est_time=4) , BZEREMITE Whisper
EER, EBERMAXE. max_new_tokens TIRERKERL R, MUK verbose-response ¥
2,

R

python/sglang/srt/entrypoints/openai/transcription_adapters/glmasr.py (#iR ¥ 3K3&E
2 2% source; EH core-logic; &5 GlmAsrAdapter, build_sampling_params,
postprocess_text, build_verbose_response) : #3E GLM-ASR T RERER R, BOE
SRR max_new_tokens. postprocess_text BIZBFIE S verbose MM 4], =&
PR ETZEZ—,
python/sglang/srt/entrypoints/openai/transcription_adapters/granite_speech.py (f&k
HRERE; P source; R core-logic; &5 GraniteSpeechAdapter,
build_sampling_params, build_verbose_response) : #3& Granite Speech & F#RKIiER
2, IR KERIESEKS verbose Y], B=RER L X HAK,
python/sglang/srt/entrypoints/openai/transcription_adapters/gwen2_audio.py (#£ik ¥
FKIEELE; 27 source; 2R core-logic; &5 Qwen2AudioAdapter,
build_sampling_params, build_verbose_response) : #3¥ Qwen2-Audio ¥ A% K& S
, 5 GLM-ASR / Granite AR KKK, £ /vl/audio/transcriptions Xt
Qwen2-Audio £ XM HEERE,

python/sglang/srt/entrypoints/openai/transcription_adapters/__init__.py ({#3k &R
SEM; 25| source; EA dependency-wiring) : EEEIMER L, FWSAE
GlmAsr / GraniteSpeech / Qwen2Audio =ANEBLE# AN resolve_adapter() B4 %5EH,
test/registered/unit/entrypoints/openai/test_transcription_adapters.py (#3k & &g 28|
iX; KH test; A test-coverage; &5 TestTranscriptionAdapterResolution,
test_resolves_expected_adapter_per_architecture,
test_unknown_architecture_falls_back_to_whisper, TestSpeechLMAdapterContract) :
PR tyrE—NIRECE, W CPU Cl BEEEHMAT. Whisper EIR, RAFSEL floor S5HK
YEIRA R, verbose Yy, Py IMEFHRES HIXEYT,
python/sglang/srt/multimodal/processors/qwen_audio.py (13 SHMALIEEE; 25|
source; A& core-logic; 45 _build_transcription_prompt,
_warn_if_audio_exceeds_window) : A Qwen2-Audio B B INE XA R RTEKS
30s BUrEL, ERERER TR A THNXBEEBK,
python/sglang/srt/multimodal/processors/transformers_auto.py (13 &R IR 3£
%l source; £ core-logic; &5 _build_audio_prompt, process_mm_data_async) : A

EA HF BB EASFTETMEIES X5 build_audio_prompt SEAFRE, HTE



audio_token_index &£ Z| audio_token_id, & Granite Speech ER1ZRE® T/ERY AL,

- python/sglang/srt/models/glmasr.py (#3k BEFEE; KF| source; A data-contract
. f&5 get_audio_feature) : E GlmAsrForConditionalGeneration.get_audio_feature
, 3% 30s & O EAR B FKIE input_features_mask FBRAEREAKHZN, EHRA
5 EALFF token XFHIXE,

« python/sglang/srt/multimodal/processors/glmasr.py (#&ik ZHREFEE; 27| source;
2R core-logic; &5 _build_transcription_prompt) : A GLM-ASR &b B4 T
_build_transcription_prompt, 5 Qwen2-Audio LB XA FIER, £ GLM-ASR
R A BRI R,

« python/sglang/srt/multimodal/processors/base_processor.py (#83k AbFBEEH K. 5|
source; %A core-logic) : ¥ GraniteSpeechProcessor I audio= XF B L HE, #
RE HF REZEUKE|EF audios= S8t kK,

XS GlmAsrAdapter.build_sampling_params, GImAsrAdapter.postprocess_text,
GlmAsrAdapter.build_verbose_response, GraniteSpeechAdapter.build_sampling_params,
GraniteSpeechAdapter.build_verbose_response,
QwenZ2AudioAdapter.build_sampling_params, Qwen2AudioAdapter.build_verbose_respon
se, QwenZ2AudioMultimodalProcessor._build_transcription_prompt,
Qwen2AudioMultimodalProcessor._warn_if audio_exceeds_window,
GImAsrProcessor._build_transcription_prompt,
AutoMultimodalProcessor._build_audio_prompt,
AutoMultimodalProcessor.process_mm_data_async,
GImAsrForConditionalGeneration.get_audio_feature

KR F B]

python/sglang/srt/entrypoints/openai/transcription_adapters/glmasr.py

Frig GLM-ASR T RHERIER SR, BROBSIRIKYEIK max_new_tokens, postprocess_text
AMBRREE verbose "N R4, & PR ETF&EEZ—,

# BHREEE: GLM-ASR

# SEMEE GimAsr 24 resolve_adapter() M FRFE T ELE P,
#iBE KL 2~3 38 / &, i tokenizer EMNEASIEH LT 1 A token,
# E 15 token/s WMEBRBHARERE, XMRE|T KB4 Ko
_MAX_NEW_TOKENS_PER_SECOND = 15

# ARKE TR 448, 1RIE ~30s S MAE CER T,
_DEFAULT_MAX_NEW_TOKENS = 448

@register_transcription_adapter("GImAsr")
class GlmAsrAdapter(TranscriptionAdapter):
# GLM-ASR & decoder-only I2Z#ER, AIEEIFAN
# <lbegin_of_audiol>...<lend_of_audiol> SFFE B B4 KA,
# %A Whisper RA&HBHEHES / SRR, FIAXRAIZES AN,
_ASSISTANT_PREFIXES = (
"The spoken content of the audio is",



"The transcription of the audio is",
"The content of the input audio is",

def build_sampling_params(self, request: TranscriptionRequest) -> dict:
# /v1/audio/transcriptions ERMEA KEFE, REEHEEREEH:
#RENATR, KETIRNKBIK, BRETWEEREB,
duration_s = request.audio_duration_s or 0.0
return {
"temperature": request.temperature,
"max_new_tokens": max(
_DEFAULT_MAX_NEW_TOKENS,
int(duration_s * _MAX_NEW_TOKENS_PER_SECOND),

def postprocess_text(self, text: str) -> str:
# $12 HF GImAsrProcessor.decode(strip_prefix=True),
# NEERAERSREEEN assistant BIZ55]5, B WER,
stripped = text.strip()
for prefix in self._ASSISTANT_PREFIXES:
if stripped.startswith(prefix):
stripped = stripped[len(prefix):].strip()
break
if stripped.endswith("."):
stripped = stripped[:-1].strip()
if (
len(stripped) >= 2
and stripped[0] == stripped[-1]
and stripped[0] in {"'", '"'}

stripped = stripped[1:-1].strip()
return stripped

def build_verbose_response(self, request, text, ret, tokenizer, usage):
# GLM-ASR WIRBATHRNIES, RSHAEMRIIFESTM,
# AM language E None, RREIREZ segments,
return TranscriptionVerboseResponse(
language=None,
duration=round(request.audio_duration_s, 2),
text=text,
segments=(],
usage=usage,

)

python/sglang/srt/entrypoints/openai/transcription_adapters/granite_speec
h.py



38 Granite Speech THHERIERE, TIAHRNNKEREFESIE verbose BY), 2=
KRR Frey X A K

# Granite Speech & English-only B9 decoder-only iE& 18
# SIRD B S I3 <laudiol> HMFE B BARKEES UK,
# CREAEEAE Whisper RASHRENES / FSE1E, ERERRES M,
@register_transcription_adapter("GraniteSpeech")
class GraniteSpeechAdapter(TranscriptionAdapter):
def build_sampling_params(self, request: TranscriptionRequest) -> dict:
# BERARAERMKEFTE, RA6hHIER ST M KIZ |
# max_new_tokens: EEME TR 448, KEMIZ KL MK,
duration_s = request.audio_duration_s or 0.0
return {
"temperature": request.temperature,
"max_new_tokens": max(
_DEFAULT_MAX_NEW_TOKENS,
int(duration_s * _MAX_NEW_TOKENS_PER_SECOND),

def build_verbose_response(self, request, text, ret, tokenizer, usage):

# language E None: BASMNEM+F BITHIIES,
#EEREAFAEEARALELINES F&.
return TranscriptionVerboseResponse(

language=None,

duration=round(request.audio_duration_s, 2),

text=text,

segments=[],

usage=usage,

)

python/sglang/srt/multimodal/processors/qwen_audio.py

A Qwen2-Audio &I INE XA FIRRARRKSE 30s BMTESLE, BZEBAERTRTH
X BRELEB K,

# Qwen2-Audio BYEHINIEZ K IELF 3000 mel i1 (B 30s HO) ,
# BaseMultimodalProcessor BRIAfE truncation=False (QIRFEIBEEE) |
# 483 30s WA BRSBHEE 0 SBEEHULIREE, HibX B H &k,

self.audio_config = {**self.audio_config, "truncation": True}

# HRERXMNIEEMR: chat template R IEELAE audio #,
# TARIEA B AER A "The content of this audio is:" RIZ,
# MifnizH WER BZAK,
_TRANSCRIPTION_CONVERSATION = |
{
“role": "user”,
"content": [

{"type": "audio",
{

audio": "'},



"type": "text",
"text": (
"“Transcribe the audio. Output only the exact transcription,

"with no preamble, prefix, commentary, or quotation marks."

def _build_transcription_prompt(self, input_text) -> str:
# /v1/audio/transcriptions 38 &% 2 XA (input_ids W AZE) ,
#ORAEI S AL A RS RATEE L, X BEIER W —A audio span
# IR REARK, TRAERERAEANNRX,
if isinstance(input_text, list):
input_text = (
self._processor.tokenizer.decode(input_text) if input_text else

)
if input_text and input_text.strip():

return input_text

return self._processor.apply_chat_template(
self._TRANSCRIPTION_CONVERSATION,
add_generation_prompt=True,
tokenize=False,

def _warn_if_audio_exceeds_window(self, audios) -> None:
# Qwen2-Audio RS E B EANEE 30s HH, BKMAREFAT 30s,
# XBEXHEEE chunk_length B R AR L HE NEL,
feature_extractor = self._processor.feature_extractor
max_samples = int(
feature_extractor.sampling_rate * feature_extractor.chunk_length
)
for audio in audios:
if isinstance(audio, np.ndarray) and audio.shape[-1] > max_samples:
logger.warning(
"Qwen2-Audio input is %.1fs but the encoder window is %ds;
"only the first %ds will be transcribed (audio truncated).",

audio.shape[-1] / feature_extractor.sampling_rate,
feature_extractor.chunk_length,
feature_extractor.chunk_length,

)
G R4
BTttt E=4:

1. GLM-ASR #1HH B4R : mickgian ZiX“Could we override postprocess_text to mirror
HF's strip_prefix=True? Otherwise GLM-ASR may return 'The spoken content of the



audio is "..."" instead of the raw transcript, which hurts WER” , SKRohit BN B3%
awen3_asr B9 RNEHE, RAERREMAT _ASSISTANT_PREFIXES FI&,

2. Qwen2-Audio 30 #&RT: mickgian 8 H3&%| truncation=True &8 30 HEEMR &
XA 30 &, SKRohit #BAZIR#IK B transformers B Qwen2AudioProcessor Bl ZE &
B, FiABEEE B EERAEMRE

3. verbose MNIEE FE: mickqgian FEREELEEFE supports_language_detection=False B
EEAFIEE RE BEMRMRERILAIES, EVCGRE None XEIE(EE hint; Z&ALH—K
A language=None, MR EZIZEA,

« Qwen2-Audio &%l truncation SN 30s FTMR XA 30s (correctness): & & 5%l
AT DN AR RS, FERE  warn_if_audio_exceeds_window HHiH B R E L XE
AR B AR T IR A £,

« GLM-ASR #iHi# assistant BIZR, EE postprocess_text & (correctness): #¥¥
_ASSISTANT_PREFIXES RIZRIE 53| 578, HA4EX 'Address review: GLM prefix
strip' & 5ZZME K,

- verbose "N E R IFKIEE FRETEL LI (correctness): =ANEELE B
build_verbose_response %—B&A language=None, FH&EiNRBLAE Z%/TH

PNESE-A
R TERRALT:

. FERUAEMNTETE: resolve_adapter() ETFEMFABEFEA, FE GlmAsr,
GraniteSpeech. Qwen2Audio #/5, ERRHIMLRELNEMTEERE,; MREET K
KIZEFEIR Whisper, {EE SRR L 53 a2 BRI I FE K%,

- Qwen2-Audio 30 MEFEREMKT: truncation=True FEKZHMR KA 30 &, BMEA
warning B, MAEFRAFPMEERESL; BiZITAH HF RERBRAR, TEEEREER
%3,

« RN FTFES : get_audio_feature By 30s B EZ S input_features_mask F&RAE
BEERE R, £ conv FERHHK merge_factor 5§ HALRF token FRAE, THES|I &
token/embedding $E R —E AR ; ZEIZHRZ GPU e2e MR,

- ZESAEREEYVAE: gwen_audio.py. transformers_auto.py. base_processor.py ¥
HERRABERR P IRE), PRI EHRIIREA processor, B RERBENAL XM

BIR) BREAMA DR AR T RERTAT A

« B MURSEEEPE OpenAl HEEAD, ZHASAERLE GLM-ASR HARMH:

« AFPM: Qwen2-Audio-7B. GLM-ASR-Nano. Granite Speech 3.3-8B = &R K
/v1/audio/transcriptions MARE[H / EIR Whisper T HESZ ASR; BKZ4EIK
max_new_tokens B K B EFRERT 558 H BORTE A K TE

« RGN B3 3 NERE XM, 2 /N processor ERBKIZE, | MERAAES, HIrg
CPU BEM; XBEA Whisper BERKEATA (Whisper TERIAER) ,

« HIFRAOU: BASL T ARAD SR E SR RERBNY BER, FLH ASR AT E REM. Y
MR 5 LK E token T A HEE,



« RFEFRIT: EECEIMB T L LB ZHIE , Qwen2-Audio A3 30s EEREMT , BAIMIERA
IFESH GPU e2e MR , £EZHESAIE R B EY)IE

RERIREE

« PR #34859 Qwen3.8-27B Model Support: EJ& SGLang X Qwen ZAFrsA a3 N T1E,
BA PR MERERIDERA T AET qwen3_asr B ARERELAEER, HAIFE—hEEL%
BEAR,

« PR #33518 feat(api): add sglext_spec: FA OpenAl REANOD BT &, 5
/v1/audio/transcriptions EECESEMILZE entrypoints/openai Bk, AR O BESIEIHHY
FEARAKZE



