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o —A)IE: AR T LR, 3 XAEEME OOM DoS

- EEME: EEER. XE- NI TBENLZLSBERRN: RBEMEW (RKIFREEE
2B . BERITTIY GIANSREXRBROMLFFTIE, FREHFEEZN) . MHREZE
I (EEMZE PoC HERIE) , B review RIARES (FARE, £FMRAL, FEXE
2. TEERASENHWEN) ., EIXFET load_audio_soundfile i fEE 5
load_audio_pyav B E BITXALREZNESR, UREEREFRRTE (BA. A5 w0
fAIE R R—EN,

THHES BAL

PR body PARAIE HILA max_duration s SFLEYETRIAME: "An attacker can set
samplerate=655350 (FLAC max) with 8 channels to make hundreds of millions of
frames appear as a short clip, bypassing the duration check while f.read() allocates up
to 11.7 GiB of float32 PCM — enough to OOM-kill the API server." &5 Bir 2 ERK5F
D2ZHMEM— NS T RAERNFTMERLK: "Both guards (duration + bytes) are
independently useful: duration catches legitimately long files early; bytes catches
sample-rate forgery regardless of claimed duration." #t X 5 TobyB1702 ¥ issue Fip
PN EM T RE (31 MiB PCM S EAEH FLFERIER) , HHEHT security.md 8D %3F
REEHXAEERD,

1. AMEIRZTE (vlim/envs.py) : & VLLMEnvironment #k3E3& h i3t 7 &
VLLM_MAX_AUDIO_DECODE_BYTES: int = 268 435 456 (256 MiB) , &
environment_variables FEAEMARNT lambda FiZiHERE GRBAZRIAMER B E 600 PE
738 48 kHz float32) , MM compile factors BIZEEF|XK, 1RIEZ#HFE worker LI
BT EEE,

2. L|MFEFHFIZS (viim/multimodal/media/audio.py) : % load_audio_soundfile fn
load_audio_pyav i max_decode_bytes £#k, soundfile B2 f.read() Z RIHA
f.frames * f.channels * np.dtype(np.float32).itemsize & PCM K/NFIRBIFEL ;
PyAV B2 TyETENWIEk, B EMSIEIRT A total_decode bytes += arr.nbytes ¥ E &
i, WAL EREBE, load_audio WFRAMNEIR D X HBEZ S,



MedialO.load_bytes / load_file M E&EM envs.VLLM_MAX_AUDIO_DECODE_BYTES B
=

3. STT BRE AN (vlim/entrypoints/speech_to_text/base/serving.py) : EARSE __init &
27 self.max_audio_decode_bytes = envs.VLLM_MAX_AUDIO_DECODE_BYTES (%
review & ILE % RIERE S RIEIFE lambda) , HE  decode_and_chunk_speech
f£45 load_audios

4. EYFMIRK (tests/multimodal/media/test_audio.py) : #F3E make_flac_bytes NEHE
&=/ FLAC X, BEENZE: NXHRENNKEFFFE. frames * channels *
4 BN FRE|EES. PoC A RAERG R (655350 Hz, 8 F3E. 100 A, RKFIIEH
A 1.5 MEFHFIIESL) . UK load_audio [@/G3#%EE max_decode bytes,

5. XHBLE (docs/usage/security.md) : EZELEE X FHIE
VLLM_MAX_AUDIO_DECODE_BYTES 4B, UWHREMRFRMENER, HEE " ®’A
0 ZAMK " WEEXE,

R

« vlim/multimodal/media/audio.py (3R ZHARED; K7 source; R core-logic; FE
load_audio_soundfile, load_audio_pyav, load_audio, AudioMedialO.load_bytes) : &£
BSFRE: A soundfile 5§ PyAV FIKARERZ AR ME REXMBNTIMESTT, ¥+
it load_audio 5 MedialO Z#EEFH S,

« tests/multimodal/media/test_audio.py (13 FHUMIR; K5 test; ER! test-coverage;

45 _make_flac_bytes, test_small_file_passes_memory_guard,
test_memory_guard_rejects_large_allocation,

test_forged_samplerate_rejected_by _memory_guard) : ¥ 4 NEVINR I B EHE
PoC %% ((RERAFR 655350 Hz, 8 Fif) , RIEF T IEAENKT IR NIREEE
Yo B,

s vlilm/envs.py (13t FRREE; KA source; FEAH configuration; fF5
VLLM_MAX_AUDIO_DECODE_BYTES) : & XFH Tt
VLLM_MAX_AUDIO_DECODE_BYTES ¥f3EEE, BRIA 256 MiB, HEZTENAZHE
KA 1ET| &R,

« vlim/entrypoints/speech_to_text/base/serving.py (#£1R iIBFHRSE; K5 source; H£ER
core-logic; &% init, decode_and_chunk_speech) : STT BRENDKIIFETELEH;
TEEREIMERLEN load_audio, 2188 & A KEANS,

« docs/usage/security.md (3R L& X 4; £F| docs; FEE documentation) : *hHZE
REXR, CERIFETENRAESHRERMERR, FERBFRTRE,

XS load_audio_soundfile, load_audio_pyav, load_audio,
AudioMedialO.load_bytes, AudioMedialO.load_file, _decode_and_chunk_speech,
_make_flac_bytes, test_forged_samplerate_rejected_by_memory_guard

X pEERED Fr B

viim/multimodal/media/audio.py



BB AP : A soundfile 5 PyAV BEMBEEEAZ D FENE RERBRNTIETE,
FH1k load _audio § MedialO #JBEF 53K,

# F2EBEET 1. soundfile B3P FEHFTE
# JR¥E: E foread() EERQEAFZAI, ASELIH frames * channels * 4
# 58 float32 PCM K/, ZAEERRBURAEER, Eibthit s RAERTIERN,
def load_audio_soundfile(
path: BytesIO | Path | str,
sr: float | None = 22050,
mono: bool = True,
max_duration_s: float | None = None,
max_decode_bytes: int | None = None,
) -> tuple[np.ndarray, int]:
"mEEHM (soundfile Eig) "
with soundfile.SoundFile(path) as f:
native_sr = f.samplerate
# BKSPIE: f.frames / native_sr, [EAEREL, THMAERAARLST
if max_duration_s is not None:
file_duration_s = f.frames / native_sr
if file_duration_s > max_duration_s:
raise ValueError(
f"Audio exceeds maximum allowed duration of "
f"{max_duration_s}s (file contains "
f'{file_duration_s:.1f}s at {native_sr}Hz). Set "
f'VLLM_MAX_AUDIO_DECODE_DURATION_S to "
f'increase this limit."

#FHFE: ML TFRMEE, # frames * channels * 4B 1#RfEE
if max_decode_bytes is not None:
estimated_bytes = (
f.frames * f.channels * np.dtype(np.float32).itemsize
)
if estimated_bytes > max_decode_bytes:
raise ValueError(
f"Audio would allocate {estimated_bytes / MiB_bytes:.0f} "
f"MiB of PCM ({f.frames} frames x {f.channels} channels"
f' x 4B), exceeding the "
f"{max_decode_bytes / MiB_bytes:.0f} MiB limit. Set "
f'"VLLM_MAX_AUDIO_DECODE_BYTES to increase this limit."

)
#BARREETEERR, GEXMHRRME KRN FLE

y = f.read(dtype="float32", always_2d=False).T

if mono and y.ndim > 1:
y = np.mean(y, axis=tuple(range(y.ndim - 1)))

if sris not None and sr != native_sr:



y = resample_audio_pyav(y, orig_sr=native_sr, target_sr=sr)
return y, int(sr)
return y, native_sr

# RBIEERIT 2: PyAV JE3R AR I EF R ITEK
# JRIE: PyAV TooET&ImiZk, EMWAE decode fEFFEA arr.nbytes Eit5ZFr
# R ANTIER SUMEERERTENR max_decode_bytes,
# Rt EPEAFEIHAE (BEXHER) , 0 RETEZLMER,
total_samples = 0
total_decode_bytes = 0 # FHMHERITE, FEEERLBER

for frame in container.decode(stream):
if needs_resampling:
assert resampler is not None
for out_frame in resampler.resample(frame):
arr = out_frame.to_ndarray()
total_samples += arr.shapel[-1]
total_decode_bytes += arr.nbytes
chunks.append(arr)
else:
arr = frame.to_ndarray()
total_samples += arr.shape[-1]
total_decode_bytes += arr.nbytes
chunks.append(arr)

#RKTE: REMRERITENERKER, ©NEEKEM
if max_samples is not None and total_samples > max_samples:
raise ValueError(
f"Audio exceeds maximum allowed duration of "
f"{max_duration_s}s (decoded {total_samples} "
f"samples at {sr}Hz). Set "
f"VLLM_MAX_AUDIO_DECODE_DURATION_S to increase this limit."

~

#FNFE: RERMEGRETRHEKIFIITHEAR, AFTHAERK
if

—~

max_decode_bytes is not None
and total_decode_bytes > max_decode_bytes

raise ValueError(
f"Audio decode exceeded "
f"{max_decode_bytes / MiB_bytes:.0f} MiB memory "
f"limit ({total_decode_bytes / MiB_bytes:.0f} MiB "
f"decoded so far). Set "
f"VLLM_MAX_AUDIO_DECODE_BYTES to increase this limit."
)

tests/multimodal/media/test_audio.py



38 4 DNEVINERFF EEME PoC 38 (hERHMEEK 655350 Hz, 8 BiE) , BiIIFH TR
TE BT A7 TR 5638 BT BB 4E 248 9 BT o

def _make_flac_bytes(frames: int, channels: int, samplerate: int) -> bytes:
"R PAE—ANRN FLAC X, BRRBELZSMTR, "
data = np.zeros((frames, channels), dtype=np.int16)
buf = BytesIO()
sf.write(buf, data, samplerate, format="FLAC")
return buf.getvalue()

def test_forged_samplerate_rejected_by_memory_guard():
" PoC: BMRMERLSNNKSFE, EFVFILAERKRES, "
# (A XAMEE 655350 Hz (FLAC EFR) + 8 &3 + 100 Adi:
# B EEE] 1.000_000/ 655_350 = 1.5s, &54T;
# MES PCM LEEE 1_000_000 * 8 * 4 = 32 MB, #3id 16 MiB R#l,
payload = _make_flac_bytes(frames=1_000_000, channels=8, samplerate=655350)
with pytest.raises(ValueError, match="VLLM_MAX_AUDIO_DECODE_BYTES"):
load_audio_soundfile(
BytesIO(payload),
sr=None,
max_duration_s=600,
max_decode_bytes=16 * 1024 * 1024,

def test_load_audio_threads_max_decode_bytes():
"""ISIF load_audio BEFE max_decode_bytes EAER| S infRALE, "
#50_000 i * 4 38 * 4 F% = 800 KB, [R#l 512 KB RAKIEL
payload = _make_flac_bytes(frames=50_000, channels=4, samplerate=44100)
with pytest.raises(ValueError, match="VLLM_MAX_AUDIO_DECODE_BYTES"):
load_audio(
BytesIO(payload),
sr=None,
max_duration_s=600,
max_decode_bytes=512 * 1024,
)

T X AFE

WHEPFEMEBELRATNITE, 2R EBR:

« MRS ANEIE: DarkLight1337 &3k "Please clean up the PR by moving imports to top
level", EEMEEF io. soundfile EHNEARIEBRTE,

« MERZE LM EE . NickLucche X TestMaxDecodeBytes 4B B EIN,: "can we drop the
test class? I am not a fan of the grouping pattern claude uses and class is just
overhead here", RAEEIRETMIRZE, ATEHB)RFIIEIMIR R ER, AL EEE
, W5 EIA MR N —EK,



N— =

< SREEEL: NickLucche $8H envs.VLLM_MAX_AUDIO_DECODE_BYTES RZiBITH X
{8 lambda, "probably worth to just cache it once in self in init", #E&E serving.py
B init 2% 3| self.max_audio_decode_bytes,

- ®EEA: DarkLight1337 ZWNHERELFH MB #EKA MB_bytes ¥EMIFFH
1024**2, BEREINEK,

ok TobyB1702 £ issue Wit T REE N T IRES #HF LHESRITA, FH#HD) security.md

XA,

MR FAEIEIEIRTE (style): fEEEE "Pushed" &, ByteslO. soundfile &% A1z
FEIXHTRES, 50F pytest MR XA IRIF—EL

MERE P BAEAN R T Z R (design): T4 head RAFNHREWAEIR, 2N TNE HBH R EK
_make_flac_bytes nfasrMR & %R, UK T ZRITE N,

BT ERMENE _ init 27 (performance): YEEH#4IA "This should also be solved",
TE serving.py B9 __init__ HZEHF AN self.max_audio_decode_bytes,

« MiB #tE £ A MiB_bytes ‘& (style): BA5EXA from vlim.utils.mem_constants import
MiB_bytes, iz RGE— R IZEEHRE.,

« VLLM_MAX_AUDIO_DECODE_BYTES *%%5 A security.md (documentation): fEEENE
FEiZSHIAN docs/usage/security.md HIZ2EER, HiALELBLEREMKRLM AR
#3| PR,

PNSESE-A

RS EEXFQEDT

« BVEAEMEYT: BRIA 256 MiB _EFRXY 600 #E#7EIE 48 kHz float32 (49 115 MB) 2R
By, ELFERE R RERNEGEKIIMTREIIRGIIELS, R Bt 7
VLLM_MAX_AUDIO_DECODE_BYTES &, Bi& 0 T2A (R#E#E) .

« PYAV i3 02 mIARSF: load_audio_pyav B total_decode bytes 3ZA#RLM arr.nbytes &
T, EXHRFEARITHNEFE fitp FEATMIERL float32 mono #84E, "TRERATARAR R1E,
XfmmZeMn, ERAAEEMIZEXESR.

« BT B VLLM_MAX_AUDIO DECODE_BYTES BinA compile_factors &, %t
BZRTITEEEE, ZMBCRIR, RIAMETERK,

CSFRBEHE: FEIFILREZ AudioMedial0 5§ STT lREAD, HtERERA
load_audio_pyav BIEEZER E NfE max_decode_bytes M LARIF, FHAELSHERZTR
ARBEANRA A

B PUSEEE T ESRST MM AL FIAET OpenAl STT BRE 3% AudioMedialO
MERF I A P BROAIRIE 256 MiB 89 PCM ##53 LR, REB T EFREN ERE LKA
KR KMEANFE LB, WEFLEEEIZTXMH (Whisper FEREH 16 kHz) T2
B, NEZEREEREREM, HMEFERTARIOGETE, MERWA, % PR 5BAN
VLLM_MAX_IMAGE_PIXELS. VLLM_MAX_AUDIO_CLIP_FILESIZE_MB,
VLLM_MAX_AUDIO_DECODE_DURATION_S R ZESMAN " AERWME " L,
TETREEENEME, A MERRIRHET TEANNRAEEER,

7/



. REARIE: Z2BE (DoS) , BRIAFRE| 256 MiB, B soundfile/PyAV s , JE L F 34
TRE , XHEERD

RERIREE

« PR #51657 [2/N] Harden Transformers modelling backend multi-modal path: 5§ &%
S RBHF B ZESIMARZNZ2ME RS % PR ME Transformers J& 3% % SR
EmMH SN EE, A PR WMETMAAENTRLE (PCM FRWLER) , FEXRER
ZESAOHEEIMAK TN,



