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Abstract

Recent advancements in omnimodal learning have been
achieved in understanding and generation across images,
text, and speech, though mainly within proprietary models.
Limited omnimodal datasets and the inherent challenges as-
sociated with real-time emotional speech generation have
hindered open-source progress. To address these issues,
we propose OpenOmni, a two-stage training method com-
bining omnimodal alignment and speech generation to de-
velop a state-of-the-art omnimodal large language model.
In the alignment phase, a pre-trained speech model is fur-
ther trained on text-image tasks to generalize from vision to
speech in a (near) zero-shot manner, outperforming mod-
els trained on tri-modal datasets. In the speech generation
phase, a lightweight decoder facilitates real-time emotional
speech through training on speech tasks and preference
learning. Experiments demonstrate that OpenOmni con-
sistently improves across omnimodal, vision-language, and
speech-language evaluations, enabling natural, emotion-
rich dialogues and real-time emotional speech genera-
tion. Our code is available at https://github.com/
RainBowLuoCS/OpenOmni

1. Introduction
With the success of large language models (LLMs) [3, 43,
45], multimodal large language models (MLLMs) [14, 27,
28, 33, 55] built on LLMs have garnered significant atten-
tion, particularly with the emergence of vision LLMs [4, 27,
28, 33] and speech LLMs [8, 14]. This marks a paradigm
shift in machine understanding and interaction with the
world. The advent of omnimodal large language models
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Figure 1. Overview of the motivation and architecture of
OpenOmni. For simplicity, our core architecture is presented with-
out the connectors between modules.

(OLLMs) such as GPT-4o has revived the urgent demand
for omnimodal models capable of visual, linguistic, and au-
ditory functionalities.

Current open-source omnimodal models [5, 15, 41, 53]
typically rely on autoregressive architectures (AR) driven
by tri-modal data or on external text-to-speech (TTS) [12]
models that are not end-to-end. Such models frequently suf-
fer from limitations due to a lack of high-quality data, chal-
lenges in real-time interaction, and significant dissonance
in emotional contexts that hinder their ability to empathize
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with humans. Consequently, the development of omni-
modal models is considerably constrained by these low-
quality data and limitations in real-time emotional speech
generation, falling behind commercial models.

To address these two challenges, we propose a effec-
tive method OpenOmni using simple language-biding ideas
smiliar to MPM [22] and LanguageBind [59]. As shown in
Fig. 1, OpenOmni utilizes large language models to achieve
zero-shot omnimodal alignment across language. Based on
this foundation, we also design an end-to-end, lightweight
speech decoder that not only facilitates the simultaneous
generation of text and speech through parallel decoding,
enabling real-time interaction, but also supports self-aware
emotional speech generation. This capability is achieved
without needing additional control modules or prompts,
generating contextually consistent emotional speech that
demonstrates empathetic abilities.

Specifically, OpenOmni takes advantage of the exist-
ing abundance of speech-text and image-text data, employ-
ing a phased training approach that positions language as
a pivot. This allows for implicit omnimodal alignment
utilizing the generative capacities of large language mod-
els without necessitating high-quality tri-modal data. Sub-
sequently, we conduct speech generation training for the
speech decoder using self-constructed high-quality bilin-
gual speech generation datasets in Chinese and English, la-
beled as O2S-300K and EO2S-9K. These datasets com-
prise approximately 8000 hours of text-synthesized bilin-
gual speech, which is conducive to efficient speech genera-
tion and emotional injection training. The self-aware emo-
tional empathy capability is further integrated into the om-
nimodal model through direct preference optimization for
emotional speech, empowering it with real-time emotional
speech generation abilities.

Experimental results demonstrate that our method ex-
hibits advantages in efficient omnimodal alignment, real-
time speech generation, and emotional speech generation.
Compared to the state-of-the-art fully open-source model
VITA [15], which utilizes a larger language model (7x8B)
and more training data (5M), OpenOmni achieves superior
performance with a significantly smaller model size (7B
vs. 7x8B) and less training data (1.8M vs. 5M), surpass-
ing VITA by four absolute points on the OmniBench [25]
benchmark. Additionally, OpenOmni achieves competitive
results across various bi-modal tasks at a considerably lower
cost, including real-time speech generation, speech under-
standing, and image-text question answering.

Before delving into details, we summarize our contribu-
tions as follows.
• Speech Generation Dataset: We construct a high-

quality speech generation dataset and direct preference
optimization data for emotional speech based on publicly
available compact, high-quality data from MMEvol [34]

and UltraChat [10], comprising O2S-300K and EO2S-
9K. This includes 8000 hours of text-synthesized bilin-
gual speech for efficient speech generation and emotional
injection training.

• Effective Method: We propose a model-agnostic, scal-
able approach that enables low-resource, rapid omni-
modal alignment by leveraging language as a pivot, fol-
lowed by speech generation and emotional injection train-
ing. This approach allows for the rapid construction of an
advanced all-modal assistant akin to GPT-4o, designed to
provide an excellent interactive experience.

• OpenOmni Model: We trained an omnimodal language
model with end-to-end text, image, and speech under-
standing capabilities. After speech generation training
and direct preference optimization for emotional speech,
OpenOmni can naturally perform multimodal tasks such
as emotional speech generation, speech understanding,
and image-text question answering.

• Comprehensive Experiments: We provide extensive
comparative experiments and ablation studies to demon-
strate the effectiveness and efficiency of our proposed
method.

2. Related Work
2.1. Vision Language Models
Vision Language Models have rapidly advanced in re-
cent years due to the success of Large Language Mod-
els (LLMs) and the availability of diverse image-text in-
struction data [28, 34] from the internet. LLaVA [28] and
MiniGPT-4 [60] have demonstrated strong cross-task gener-
alization by integrating visual encoders with large language
models through simple connectors and training on instruc-
tion data. LLaVA-NeXT [27] has significantly enhanced
visual perception by employing dynamic resolution tech-
niques. DreamLLM [11] attempts to generate images and
text in the interleaved context concurrently. DEEM [33]
simplifies model architecture and enhances robustness by
using diffusion models to extract visual features instead of
traditional visual encoders.

2.2. Speech Language Models
Recent advancements in integrating speech capabilities into
LLMs have significantly improved the naturalness and ef-
ficiency of human-computer interactions. Models such as
SpeechGPT [55] and LLaMA-Omni [14] eliminate the re-
liance on intermediate text transcription, thereby reducing
latency in multimodal content generation. For full-duplex
dialogue systems, Moshi [9] and OmniFlatten [57] excel
in managing simultaneous speech and text streams, adeptly
handling challenges like overlapping speech and interrup-
tions [26]. Meanwhile, Freeze-Omni [46] introduces a
novel approach by retaining the core capabilities of the orig-
inal LLM during training, enabling low-latency speech-to-
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Figure 2. Training process of OpenOmni. To facilitate the omnimodal learining and real-time emotional speech generation of OpenOmni,
we employ a three-stage training process: (1) Speech-Text Generation: In this stage, we utilize a speech encoder to extract continuous
speech features and text features for alignment learning, which enables the large language model to develop speech understanding ca-
pabilities. (2) Image-Text Generation: This stage involves the use of an image encoder to extract continuous image features and text
features from OpenOmni, facilitating alignment learning that enhances OpenOmni’s image comprehension and instruction-following abil-
ities. Additionally, this process achieves implicit omnimodal alignment, granting the model the capacity for omni-understanding. (3)
Speech Generation: In the final stage, we train a lightweight speech decoder using high-quality synthesized speech dialogue data, focus-
ing on optimizing emotional speech preferences directly. This enables OpenOmni to generate real-time self-aware emotional speech.

speech dialogue without modifying the pre-trained architec-
ture. Emo-DPO [17] focuses on emotional speech synthe-
sis, employing direct preference optimization to generate
controllable and expressive emotional speech.

2.3. Omni-modal Language Models

Multimodal language models increasingly shift towards
frameworks that unify diverse input and output modalities.
By tokenizing different data types into a shared represen-
tation, models like AnyGPT [53] and Unified-IO 2 [31]
achieve seamless task adaptability across modalities such
as audio, text, and images, without significant architec-
tural changes. Mini-Omni2 [49] integrates visual and au-
ditory encoders to deliver real-time multimodal responses
and incorporates mechanisms for detecting and interpreting
semantic interruptions. video-SALMONN [41] advances
video understanding by incorporating fine-grained tempo-
ral modeling for interpreting speech within videos. Models
like VITA [15] further enhance human-computer interaction
through duplex communication schemes, allowing fluid and
intuitive exchanges. Additionally, EMOVA [5] extends the
expressive capabilities of these models by integrating con-
trollable emotional speech synthesis, offering a more ex-
pressive communication experience.

Building on these developments, OpenOmni enables
near zero-shot omnimodal alignment across language, vi-
sion, and speech, with self-aware emotional speech syn-
thesis, enhancing multimodal models that are fast, data-
efficient, and achieving better results.

3. Method

In this section, we first present the formulation of omni-
modal learning and provide an overview of the training pro-
cedure of OpenOmni, as shown in Fig. 2. Following this,
we detail the specific training procedures of OpenOmni for
omnimodal alignment and real-time speech generation.

3.1. Problem Formulation and Overview

Omnimodal learning can be formulated as modeling the re-
lationship between images, denoted as xV , speech as xS ,
and text as y. In this context, the image-to-text generation,
which can be roughly summarized as generating descrip-
tion for input images encoded by Image Encoder EV , is to
learn the conditional distribution pθ(y|EV (xV )) parameter-
ized by θ; the speech-to-text generation, which is to gen-
erate relevant text response given input speech encoded by
Speech Encoder ES , is to learn pϕ(y|ES(xS))) parameter-
ized by ϕ; the omnimodal-to-speech generation, which is to
synthesize relevant speech response given input text, speech
and image, is to learn pγ(x

S |DLLM (y, ES(xS), EV (xV ))
parameterized by γ, where DLLM is the Large Language
Model.

In the vanilla setting, omnimodal learning is typ-
ically trained using image-text-speech pairs Do =
{(xV

i , x
S
i , yi)}Ki=1 [15, 24]. However, high-quality image-

text-speech pairs are extremely scarce. To mitigate the de-
pendency on native image-text-speech pairs, we introduce
text as the pivot, which contains abundant image-text pairs
Di2t = {(xV

i , yi)}Mi=1[28, 34] and text-speech pairs Ds2t =
{(xS

i , yi)}Ni=1[37, 54], where M ≫ K,N ≫ K. Imitat-
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ing the human learning mechanism that can naturally align
visual concepts with speech across languages, OpenOmni
aims to transfer visual concepts learned in the pivot lan-
guage to the speech.

OpenOmni divides the omnimodal alignment process
into two consecutive stages: text-speech alignment and
image-text alignment. For the text-speech alignment,
OpenOmni aims to establish the cross-modal alignment for
speech xS and language y. This is achieved by directly
training a speech LLM with sufficient text-speech resource
Dt2s and objective pϕ(y|ES(xS))), denoted as fϕ, which
can provide close hidden representations for text-speech
pair y and xS with similar semantics, i.e., fϕ(y) ≈ fϕ(x

S).
For the image-text alignment, OpenOmni utilize the suf-
ficient image-text resource Di2t and optimize the image-
to-text objective pθ(y|EV (xV )). In the following sections,
we introduce the training process of omnimodal alignment
and speech generation. It’s worth noting that OpenOmni
is agnostic to the specific model architecture and train-
ing method, which enables us to flexibly utilize existing
highly effective model architectures and training techniques
in each task.

3.2. Speech-to-text Generation

In speech-to-text generation, we incorporate a speech en-
coder ES to extract audio features from input speech xS .
These audio features ES(xS) are then replaced with corre-
sponding text yS as input into the LLM. Following recent
work to train speech conversation models [8, 14, 55], we
pre-train OpenOmni on a large scale of text-speech pairs
using the language modeling objective:

Ls2t(pϕ,Ds2t) = −
N∑
i=1

log pϕ(yi|ES(xS
i )). (1)

3.3. Image-to-text Generation

In image-to-text generation, we incorporate an image en-
coder module EV to provide visual feature EV (xV ). These
visual features are then concatenated with the text em-
bedding as input into the speech LLM. Following recent
work to train image-text conversation models [28, 34],
OpenOmni’s training process for image-to-text generation
consists of two sub-stages: Image-Text Pretraining and
Image-Text Instruction Tuning.

Image-Text Pretraining In this sub-stage, we pre-train
the visual module to align it with LLM on a large scale of
image-text pairs using the language modeling objective:

Li2t(pθ,Di2t) = −
M∑
i=1

log pθ(yi|EV (xV
i )). (2)

Here, we fix the parameters of LLM to prevent short texts in
the image-text pairs from influencing the general capabili-
ties.

Image-Text Instruction Tuning To enhance models’ ca-
pabilities in following human instructions, we conduct in-
struction tuning on elaborately curated multimodal instruc-
tion tuning datasets built by blending the existing image-
text instruction tuning datasets. We denote this image-text
instruction tuning datasets as DI

i2t = {xV
j , yq,j , ya,j}Lj=1,

where yq is the instructions and ya is the response. Both the
visual module and speech LLM are fine-tuned by maximiz-
ing the probability of the response:

LI
i2t(pθ,DI

i2t) = −
L∑

j=1

log pθ(ya,j |EV (xV
j ),DLLM (yq,j)).

(3)
Interestingly, we find a quasi-zero-shot transfer capa-
bility of OpenOmni in this scenario. If solely per-
forming instruction tuning using the image-text resource,
when given an image xV and a question yq or an in-
struction speech xS

q , the resultant model responds ac-
curately, though mostly in language. This can be at-
tributed to the close resemblance between the hidden rep-
resentation of instructions between text and speech pro-
vided by the LLM, i.e., DLLM (yq) ≈ DLLM (ES(xS

q )).
Consequently, we have pθ(ya|EV (xV ),DLLM (yq)) ≈
pθ(ya|EV (xV ),DLLM (ES(xS

q )). To improve the model’s
instruction-following capability further, OpenOmni incor-
porates a small number of image-text-speech pairs con-
verted by TTS’s models [12] during instruction tuning.
Here, we complete omnimodal alignment to enable LLM
to have image-text-speech understanding capabilities.

Add & Normalize
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Gate

Up Sample

Self-Attention

FFN
x N

label blank output

A cute dog

loOmni Language Model

Speech Decoder

match

Image Encoder Speech Encoder

Figure 3. Structure of speech decoder. The speech decoder con-
sists of a mixture of expert module and multiple transformer lay-
ers, achieving end-to-end speech unit learning through connection-
ist temporal classification (CTC) loss.
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3.4. Speech Generation

In speech generation, we incorporate a Speech Decoder
DS to generate speech based on the output of the LLM
DLLM . We divide the OpenOmni’s speech generation train-
ing process into two sub-stages: Speech Generation Pre-
training and Emotional Speech Direct Preference Optimiza-
tion (DPO).

Speech Generation To equip OpenOmni with the real-
time speech generation ability for enhancing the inter-
active experience, we adopt a streaming speech decoder
for real-time speech generation. Moreover, we curate
a dataset, termed OpenOmni-300K, of 300K instructions
from MMEvol [34] and UltraChat citepultrachat that in-
cluded speech response for training the speech decoder. We
denote this datasets as DI

o2s = {xV
j , yq,j , ya,j , x

S
a,j}Lj=1,

where yq is the instructions, ya is the response and xS
a .

For the speech response xS
a , we first follow [14, 55] to

discretize the speech into discrete units. Specifically, we
use the pre-trained speech tokenizer [12] model to ex-
tract continuous representations of the speech and then
convert these representations into discrete indices. Sub-
sequently, consecutive identical indices are merged into a
single unit, resulting in the final discrete unit sequence
xU
a = {xU

a,i}Li=1, x
U
a,i ∈ {0, 1, ...,K − 1}, where K is the

speech vocabulary size, and L is the length of discrete unit
sequence. The discrete units can be converted into wave-
form with an additional unit-based vocoder V [12] trained
on the English and Chinese datasets.

We add a streaming speech decoder DS after the
LLM to simultaneously generate speech and text re-
sponses. OpenOmni supports both autoregressive and
non-autoregressive speech decoding mode. For non-
autoregressive speech decoding mode shown in Fig. 3, the
speech decoder consists of a mixture of expert (MOE) layer
and a tiny standard decoder-only language model. The
MOE layer is designed to stabilize training and fast con-
vergence. The speech decoder can hardly be trained suc-
cessfully without this layer. Similar to [14, 36, 58], the
speech decoder runs in a non-autoregressive manner, which
takes the output hidden states from the LLM as input, and
generates the discrete unit sequence corresponding to the
speech response in real-time. Specifically, the output hidden
states corresponding to the text response ya are denoted as
DLLM (xV , yq) = [h1, ...,hN ]. We first feed hidden state
DLLM (xV , yq) into MOE layer to get hidden state sequence
C = [c1, ..., cN ]. Next, C is upsampled and then fed into
the speech decoder layers, and the output hidden state se-
quence is denoted as O = [o1, ...,oM ]. We use connection-
ist temporal classification (CTC) [19] to align O with the
discrete unit sequence xU

a = {xU
a,i}Li=1. During training,

CTC performs marginalization over all possible alignments

as follows:

Lctc(pγ ,DI
o2s) = − log pγ(x

U
a |O) = − log

∑
A∈β−1(xU

a )

pγ(A|O)

= − log
∑

A∈β−1(xU
a )

M∏
i=1

pγ(x
U
a,i|O),

(4)
where β−1(xU

a ) denotes all possible alignments of length
M that can be collapsed to xU

a . The alignment is modeled in
a non-autoregressive way. During inference, we select the
best alignment A∗ = argmaxA P (A|O), and apply the col-
lapsing function to obtain the discrete unit sequence β(A∗),
which is then fed into the vocoder to synthesize waveform.

Self-aware Emotional Speech Generation To enable the
OpenOmni to generate self-aware, emotionally coherent,
and vivid speech based on contextual history without ad-
ditional control modules or conditions, we introduce the
Direct Emotional Preference Optimization (DEPO) algo-
rithm. This approach facilitates smooth and natural inter-
actions in dialogue. Here, we briefly introduce the DPO
method and refer readers to the original paper for more de-
tails. The key observation of DPO is that the reward func-
tion r(x, y) can be analytically expressed by its optimal pol-
icy model π∗(y|x) and reference model πref(y|x). There-
fore, we can directly optimize the policy model using proper
forms based on the preference data. Specifically, the reward
model r(x, y) can be represented as:

r(x, y) = β log
π∗(y|x)
πref(y|x)

+ β logZ(x), (5)

where β is a constant and Z(x) is the partition function.
Based on this observation, the policy model can be directly
optimized on the human feedback preference pair (yw, yl):

Ldpo = −E(x,yw,yl)

[
log σ(r(x, yw)− r(x, yl))

]
= −E(x,yw,yl)

[
log σ(β log

π∗(yw|x)
πref(yw|x)

− β log
π∗(yl|x)
πref(yl|x)

)
]
,

(6)

here, the reference model πref(y|x) is the model trained in
the Real-time Speech Generation sub-stage and is kept fixed
during DPO training. Only the policy model π∗(y|x) is
updated. We note that DPO is more simple, efficient, and
stable in aligning OpenOmni self-aware emotional speech
generation compared with traditional RLHF approaches.

Based on the Plutchik Model of Emotions [1] research,
we construct a multi-turn dialogue preference dataset for
self-awareness, encompassing nine distinct emotions. In
this dataset, each pair of preference samples consists of an
yw = xU

a,w representing emotionally congruent speech re-
sponse unit sequence that aligns with the historical context
of the dialogue, and a yl = xU

a,l representing emotionally
neutral speech response unit sequence that is inconsistent
with the contextual emotions.
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Specifically, the π(y|x) in connectionist temporal classi-
fication training process can be represented as

log π(y|x) = log
∑

A∈β−1(xU
a )

M∏
i=1

pγ(x
U
a,i|O), (7)

After training on Self-aware Emotional Speech Generation,
OpenOmni can generate real-time, emotionally rich, multi-
turn end-to-end dialogues.

4. Experiments

4.1. Implementation Details

Omnimodal Alignment Data During the speech-to-text
generation phase, in addition to WeNetSpeech [54], Lib-
riSpeech [37], and AIShell-4 [16], we use portions of
shorter responses from O2S-300K, totaling 1600 hours of
data, for bilingual speech-text alignment training. Next,
we train OpenOmni on the LLaVA-Pretrain-595K [28] for
image-text alignment. In the image-text instruction tun-
ing stage, we efficiently fine-tune OpenOmni on a com-
pact high-quality dataset MMEvol [34]. More details can
be found in Appendix 6.

Hyperparameter I II III IV V

batch size 256 128 128 32 32
lr 1e−3 1e−3 5e−5 5e−4 5e−4

warmup ratio 0.3 0.3 0.3 0.3 0.3
epoch 1 1 1 3 3
freeze LLM ✔ ✔ ✘ ✔ ✔
optimizer AdamW AdamW AdamW AdamW AdamW
cost 40 GPU·H 80 GPU·H 500 GPU·H 36 GPU·H 8 GPU·H
dataset 1-1 2-1 2-2 3-1 3-2
loss Ls2t Li2t LI

i2t Lctc Ldpo

Table 1. The detailed training setup for OpenOmni and the hyper-
parameters across the training stage. All experiments are con-
ducted in 8xA100 setting. Please refer to Appendix Sec. 6 for
more details about dataset.

Speech Generation Data For real-time speech gener-
ation, we curate a dataset of 300K instructions from
MMEvol [34] and UltraChat [10] that included long re-
sponses for training the speech decoder. Specifically, we
decompose multi-turn dialogues into single-turn question-
answer pairs, rank the responses based on their length, and
select 100K question-answer pairs with relatively long re-
sponses. To support bilingual output in Chinese and En-
glish, we translate 50K question-answer pairs into their cor-
responding Chinese versions using GPT-4o-mini API, and
then convert the answers into the corresponding speech us-
ing CosyVoice [12]. We employ the same method for text-
conditioned speech synthesis on 200k randomly selected
data from UltraChat. As a result, we obtain 8000 hours of
high-quality bilingual speech generation data O2S-300K.

Self-aware Emotional Speech Generation Data Based
on the Plutchik Model [1] of eight distinct emotions re-
search, we curate a multi-turn speech preference dataset
EO2S-9K for self-awareness emotion evaluation. Specif-
ically, we randomly selected 200K samples from MMEvol
and employed the Qwen2-72B [3] model to categorize the
responses into nine predefined emotions for each round.
Subsequently, we randomly selected 1K bilingual dialogues
labeled with emotion category, while additionally reserving
100 samples as an emotional test set for self-aware evalu-
ation of emotion speech generation. Due to the scarcity of
several emotions, such as anger and sadness in the MMEvol
dataset, we used GPT-4o-mini API to generate and aug-
ment the corresponding emotion data volume. We ensure
that both the training and testing datasets contain an equal
representation of Chinese and English data. Furthermore,
we employed CosyVoice to use unconditionally generated
speech as negative samples and emotion-conditioned gener-
ated speech as positive samples, thereby constructing pref-
erence sample pairs for training direct preference optimiza-
tion in emotional speech generation. More details on train-
ing data recipes and prompts can be found in the Appendix
9.

Model We design the architecture following LLaVA Se-
ries [27, 28, 34], where the omnimodal large language
model consists of four key components: an LLM (Qwen2.5-
7B-Instruct [3]) for next token prediction, an image en-
coder (CLIP-ViT-L [38]) for extracting visual features, a
speech encoder (Whisper-large-v3 [39]) for extracting au-
dio features and a streaming speech decoder (Qwen2.5-
0.5B-Instruct [3]) for generating vivid speech in real-time.
Moreover, an image-text projector and a speech-text pro-
jector are adopted to align the visual-text modalities and
the speech-text modalities, respectively. A mixture of ex-
pert module with four experts is designed to align the
omnimodal embedding and speech decoder efficiently and
stably. For the autoregressive mode, we use the Speech
Tokenizer from GLM4-Voice [52] with a vocabulary size
of 16K, which results in better speech quality. For non-
autoregressive models, we use the CosVoice [12] Speech
Tokenizer with a smaller vocabulary size of 6K, facilitating
faster convergence during CTC training.

Training Strategy We conduct OpenOmni training fol-
lowing five sub-stage settings: speech-to-text generation,
image-text pretraining, image-text instruction tuning, real-
time speech generation, and self-aware emotional speech
generation. See details in Tab. 1.

4.2. Omni Language Evaluation
OmniBench[25] is a pioneering benchmark designed to
evaluate omnimodal large language models (OLLMs) by in-
tegrating and interpreting simultaneous inputs of images,
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Method Action & Story Plot Identification Contextual & Identity & Text & Count & OverallActivity Description Inference & Description Environmental Relationship Symbols Quantity

AnyGPT (7B) [53] 5.98 8.70 7.59 4.74 5.67 12.50 8.00 20.00 7.01
Video-SALMONN (13B) [41] 28.69 25.65 24.47 23.22 29.08 21.83 52.00 26.63 26.53
UnifiedIO2-Large (1.1B) [31] 28.29 22.17 32.49 30.81 28.37 21.83 16.00 13.33 27.76
UnifiedIO2-XLarge (3.2B) [31] 30.28 26.52 30.38 31.75 28.37 18.75 28.00 26.63 29.16
UnifiedIO2-XXLarge (6.8B) [31] 27.49 23.04 28.69 25.59 26.95 12.50 12.00 46.67 25.92
VITA (7x8B) [15] 33.47 34.35 27.00 36.02 43.97 31.25 24.00 6.67 33.45

OpenOmni (7B) 36.65 45.65 32.91 44.08 48.23 34.38 24.00 33.33 37.40

Table 2. Overall omni-understanding results on OmniBench. We conducte a performance comparison of omni-understanding among
various fully open-source Omnimodal Large Language Models (OLLMs) on OmniBench. Due to a concurrent work, EMOVA [5], not
being open-sourced, we are unable to present its results. Notably, compared to the state-of-the-art OLLM, VITA [15], which was trained
on tri-modal data, OpenOmni achieves comparable advanced performance using significantly less training data and a smaller model size.

Model w/ Audio IO PT IT MMStar MMB MMBCN HallBench MathVistaM MMMUV AI2D RWQA

Proprietary Models
GPT-4o ✓ – – - 83.4 82.1 55.0 63.8 69.1 - 75.4
GPT-4o-mini ✓ – – - - - 46.1 52.4 60.0 - 67.1

Weight Open-Source
MiniCPM-V2.5 (8B) [50] ✗ 570M 9.1M 51.3 76.7 73.3 42.5 54.3 45.8 - 63.5
Qwen2-VL-Chat (7B) [4] ✗ 1.4B - 60.7 86.4 81.9 50.6 58.2 52.7 - 69.7
Baichuan-Omni (7B) [24] ✓ – 8M - 76.2 74.9 47.8 51.9 47.3 - 62.6
EMOVA (8B) [5] ✓ 7.4M 4.4M - 82.8 - - 61.1 - 82.8 64.3

Fully Open-Source
Cambrain-I (8B) [44] ✗ 2.5M 7M 50.7 - - 34.3 47.0 41.8 73.1 64.2
MMEvol (7B) [34] ✗ 0.6M 1.5M 51.6 74.6 74.3 42.9 52.4 45.1 74.7 63.9
VITA (8x7B) [15] ✓ – 5M - 74.7 71.4 39.7 44.9 45.3 74.3 59.0
OpenOmni (7B) ✓ 0.6M 1.8M 51.8 76.2 76.4 44.2 52.7 44.8 74.8 64.0

Table 3. Comparison with state-of-the-art methods on visual-language benchmarks, with the indication of audio input/output support. We
mark the best performance bold among fully open-source models. The results indicate that incorporating audio input and output can further
enhance the model’s visual-language capabilities.

Model
AIShell-2(ZH-CER) Librispeech(EN-WER)

Dev Test Test clean Test other

S2T T2S S2T T2S S2T T2S S2T T2S

Speech LLM
SpeechT5 [2] - - - - 2.4 - 5.8 -
SALMONN [42] - - - - 2.1 - 4.9 -
Mini-Omni [49] - - - - 4.7 - 9.4 -
Freeze-Omni [46] - - - - 3.2 - 7.7 -
Qwen2-Audio [8] 3.1 - 3.3 - 2.0 - 4.5 -

Omnimodal LLM
AnyGPT [53] - - - - 8.5 - - -
VITA [15] - - - - 8.1 - 18.4 -
EMOVA [5] 10.3 7.9 - - 4.0 3.4 - -
OpenOmni 6.8 7.3 6.9 13.1 3.1 2.6 4.1 5.6

Table 4. Comparison with state-of-the-art methods on speech-
language benchmarks. We mark the best performance bold.

audio, and text, thus necessitating a comprehensive un-
derstanding of cross-modality information. The evaluation
framework includes 1,142 question-answer pairs across a
refined taxonomy of tasks focusing on cognitive and reason-
ing abilities, which poses significant challenges for models

in recognizing entities, inferring causal relationships, and
comprehending abstract concepts. We compare OpenOmni
with other OLLMs on OmniBench, and the results are sum-
marized in Tab. 2. Notably, our model exhibits excellent
zero-shot omnimodal alignment performance after only two
phases: speech-text alignment and image-text alignment.
Compared to the fully open-source state-of-the-art OLLM,
VITA [15], our model utilizes fewer training parameters
(7B vs. 8x7B) and less image-text training data (1.8M vs.
5M), yet achieves superior overall results on OmniBench
(37.40 vs. 33.45). Moreover, our approach pivots on lan-
guage, completing omnimodal alignment through implicit
alignment, thereby demonstrating enhanced scalability in
scenarios with limited tri-modal data.

4.3. Vision Language Evaluation
To comprehensively validate our approach’s ability to align
the visual-text modalities, we perform a thorough compar-
ison with previous VLLMs across 8 representative vision-
language benchmarks, including MMBench-EN [29],
MMBench-CN [29], MMStar [6], RealWorldQA [48],
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Model Lang Angry & Disgusted Fearful Happy Neutral Other Sad Surprised Overall

OpenOmni ZH 89.7 54.8 33.3 92.3 51.6 60.2 23.7 57.9
w/ DPO ZH 96.6 78.4 37.7 97.1 62.8 90.7 29.8 70.4

OpenOmni EN 89.2 68.7 57.5 91.9 48.0 75.6 7.5 62.6
w/ DPO EN 91.3 70.4 60.6 94.6 49.6 77.3 13.9 65.4

Table 5. Overall self-aware emotional speech generation results on the test set of bilingual EO2S-9K. Through the emotional speech direct
preference optimization algorithm, OpenOmni has consistently improved emotional speech generation capabilities for both Chinese and
English. The accuracy of emotional speech generation has improved by an average of 7.6% (from 60.3% to 67.9%), with particularly
notable improvements observed in the generation of emotional speech categories such as Fearful, Surprised, and Sad.

MMMU [51], MathVista [32], AI2D [23] and Hallusion-
Bench [20]. To ensure the reproducibility of our eval-
uation results and to guarantee fair and consistent com-
parisons across all models and benchmarks, we uniformly
employ VLMEvalKit [13] for all assessments conducted
in a zero-shot manner. As shown in Tab. 3, compared
with the open-source state-of-the-art OLLM, VITA [15],
OpenOmni achieves superior results despite a significant
difference in the volume of training data. Notably, our
model demonstrates overall improvements, with gains of
7.0% on MMBench-Chinese and 11.3% on Hallusion-
Bench. Furthermore, when compared to other fully open-
source visual language models, our approach exhibits com-
petitive performance even with a reduced amount of training
data, thereby demonstrating the effectiveness of our image-
text alignment methodology.

4.4. Speech Language Evaluation

To validate the speech understanding and generation capac-
ity of OpenOmni, we present the word error rate (WER)
results on Librispeech [37] and the character error rate
(CER) results on AIshell-2 [16] and benchmarks with two
tasks: speech-to-text recognition (S2T) and text to speech
recognition (T2S). We utilize Whisper-large-V3 to recog-
nize the english synthesized speech of OpenOmni and cal-
culate the WER with ground truth text label for T2S evalua-
tion. For Chinese synthesized speech, since OpenOmni has
better ASR capabilities compared to Whisper, we use the
model for self-recognition. As shown in Tab. 4, OpenOmni
achieves best results on both T2S and S2T tasks using Chi-
nese and English bilingual data, outperforming other om-
nimodal models. This indicates that our model not only
comprehensively understands the content of speech but also
generates fluent audio while being able to align speech-
language in Chinese and English. Moreover, compared to
VITA [15], which relies on additional text-to-speech (TTS)
models, and EMOVA [5], which only utilizes an autore-
gressive (AR) structure, our model demonstrates a signifi-
cantly faster speech generation speed via two mode support.
Thanks to its end-to-end lightweight non-autoregressive
(NAR) decoding mode support, our model can generate up
to 30 seconds of speech with less than one second of la-

tency, achieving real-time speech generation, which is over
five times faster than autoregressive mode.

4.5. Emotion Speech Synthesis Evaluation
To evaluate the effectiveness of direct preference learn-
ing in emotional speech generation, we assess self-aware
emotional speech generation using the EO2S-9K test set.
Specifically, we employ Emotion2Vec [35] to classify the
emotions of the generated speech and calculate the accu-
racy against the ground-truth labels. The results presented
in Tab. 5 demonstrate that direct preference optimization
for emotional speech can effectively and efficiently inject
emotional speech generation capabilities into the OLLM,
thereby significantly enhancing the model’s performance in
bilingual, multi-turn emotional speech generation tasks.

5. Conclusion
In this paper, we propose a novel end-to-end omnimodal
model, OpenOmni, which ingeniously employs language as
a pivot to achieve tri-modal zero-shot omnimodal alignment
in scenarios characterized by scarcity of tri-modal data.
Furthermore, by utilizing a lightweight streaming speech
decoder that directly optimizes emotional speech prefer-
ences, our model is capable of facilitating low-latency, self-
aware, high-quality emotional speech interactions. Conse-
quently, OpenOmni demonstrates competitive performance
on visual and speech-language tasks and attains state-of-
the-art results on tri-modal benchmarking. Comprehensive
comparative experiments and ablation studies validate the
effectiveness and efficiency of our approach. In the future,
we plan to explore enhancing the expressiveness of gener-
ated multi-character speech responses to improve the inter-
active experience of omnimodal assistants.
Limitations Although OpenOmni has achieved impres-
sive results under low-resource conditions, the potential of
utilizing a larger volume of high-quality tri-modal data to
further enhance the capabilities of the omnimodal model
remains unexplored. Furthermore, while the mixture of ex-
perts module can effectively alleviate conflicts during CTC
training, it is still more challenging to train compared to au-
toregressive generation methods. Finding an effective trade-
off remains a significant challenge.
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Layers Experts Wenetspeech(ZH) Librispeech(EN)

Test Net Test Meeting Test clean Test other

2 1 113.6 129.7 87.8 96.5
2 2 16.7 22.3 10.7 14.6
2 4 8.5 8.4 4.2 4.7
4 4 7.3 7.9 3.8 4.3
6 4 6.4 6.7 4.1 4.5

Table 6. Ablation study on the number of layers and experts in
the speech decoder. Increasing experts in the mixture of experts
module stabilizes CTC loss during training and enhances speech
generation capacity. Deeper transformer layers improve English
and Chinese speech generation, with greater benefits for Chinese.

Method Timbre Tone Melody Space Time Hall Intricacy Overall

OneLLM (7B) [21] 25.0 25.5 21.5 37.5 29.3 25.5 38.4 27.4
PandaGPT (7B) [40] 23.5 23.2 27.6 45.0 23.8 28.0 23.9 26.7
Video-LLaMA (7B) [56] 25.5 22.3 24.4 30.0 26.2 25.0 30.7 26.1
Video-LLaMA2(7B) [7] 24.1 25.5 26.4 30.0 27.2 33.0 34.5 26.8
AnyGPT (7B) [53] 24.6 25.0 26.4 27.5 29.2 29.0 25.7 26.1
NexTGPT (7B) [47] 23.3 20.9 27.8 30.0 28.8 28.5 23.6 25.5
VITA (7x8B) [15] 24.1 26.4 27.8 22.5 26.3 31.0 36.8 26.4

OpenOmni (7B) 23.9 27.7 25.9 60.0 25.2 29.5 37.6 32.8

Table 7. Overall omni-understanding results on AV-Odyssey
Bench. We conducte a performance comparison of omni-
understanding among various fully open-source Omnimodal Large
Language Models (OLLMs) on AV-Odyssey Bench. Compared
to the state-of-the-art OLLM, VITA [15], which was trained on
tri-modal data, OpenOmni achieves comparable advanced perfor-
mance using significantly less training data and a smaller model
size.

6. Data Construction
We provide details of the data construction for multiple
training stages below:
• OpenOmni-1-1: In addition to datasets WeNetSpeech,

LibriSpeech, and AIShell-4, we randomly select 80k
image-text instruction data with shorter responses from
MMEvol [34]. We translate 40k of this data into Chi-
nese using Qwen72B and synthesize the responses into
speech data with CosVoice. This results in 1600 hours of
OpenOmni-1-1 data for speech-text alignment pretrain-
ing.

• OpenOmni-2-1: For rapid image-text alignment pre-
training, we use the llava pretrain dataset, following pre-
vious work [27, 28, 30, 34].

• OpenOmni-2-2: To achieve efficient image-text instruc-
tion tuning, we employ MMEvol data. Since we later
train the speech decoder by freezing the LLM mode, we
include O2S-300K to stabilize the training of the speech
decoder, resulting in a combined dataset of 1.8M for
OpenOmni-2-2.

• OpenOmni-3-1: To better utilize computational re-
sources, we select 300k data with long response instruc-
tions from MMEvol and UltraChat. This includes 100k

image-text instruction data, 100k single-round dialogue,
and 100k multi-round dialogue. We synthesize the corre-
sponding speech using CosVoice, resulting in 8000 hours
of O2S-300K.

• OpenOmni-3-2: We curate 9k emotion preference data
and generate emotional speech preference pairs using
CosVoice’s conditional control. This is used for Direct
Emotion Preference Optimization (DEPO).

7. Additional Experiments

In addition to OmniBench, we conduct experiments on the
AV-Odyssey Bench [18], which involves the four modali-
ties: audio, text, image, and video. For video, we test by
averaging 8 sampled frames into a single image. The exper-
imental results are shown in the Tab. 7 below. Compared to
other OLLMs, OpenOmni achieves the best average perfor-
mance using only bi-modal speech-text and image-text data.
With 7B model parameters and no audio or video training,
it outperforms VITA by 4.4 points, demonstrating the effec-
tiveness and efficiency of OpenOmni.

8. Additional Ablation Study

To explore the impact of the number of layers in the NAR
speech decoder and the mixture of experts module on Chi-
nese and English speech generation, we conduct ablation
experiments on WeNetSpeech [54] and LibriSpeech [37].
As illustrated in Tab. 6, the instability and fragility asso-
ciated with training using the CTC loss function present
significant challenges. When simply employing a single
feed-forward network (i.e., experts = 1), it becomes increas-
ingly difficult to reconcile the conflicting training dynam-
ics inherent in mixed-language scenarios, particularly when
dealing with varying response lengths. As a result, train-
ing the speech decoder under these conditions proves to
be quite challenging. Our findings demonstrate that incre-
mentally increasing the number of experts significantly en-
hances the model’s performance in bilingual speech gener-
ation, thereby underscoring the effectiveness of our mixture
of experts module design. However, we observe inconsis-
tent preferences regarding the optimal number of layers in
the speech decoder for generating speech in Chinese and
English. Specifically, while four layers yield the best re-
sults for English generation, six layers are more suitable for
generating Chinese speech.

9. Additional Implementation Details

As shown in Fig. 4, we provide more details of the speech
decoder design and training here. For speech decoder,
OpenOmni supports both autoregressive (AR) and non-
autoregressive (NAR) methods. Specifically, the AR mode
has better generation quality but a slower generation speed,
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Figure 4. Overview of Speech Decoder Mode. OpenOmni supports both autoregressive (AR) and non-autoregressive speech (NAR)
generation. The NAR mode uses CTC loss modeling and a 6K speech vocabulary size to enable real-time parallel speech decoding
generation. The AR mode uses NTP loss modeling and a speech vocabulary size of 16K to support streaming decoding and higher-quality
speech generation. In order to make the training of speech generator more stable and easy, we design a text-guided output feature fusion
method to ensure the correctness of semantic alignment in speech generation modeling.

while the NAR mode can achieve real-time speech gener-
ation but the generation quality is slightly worse. At the
same time, in order to train the speech generator more ef-
ficiently, we also design a text-guided feature fusion mod-
ule, so that the conditional features used for speech gen-
eration have more accurate alignment semantics, which can
improve the generation quality and training efficiency of the
speech decoder.

Non-autoregressive mode: In the non-autoregressive
mode, the conditional features generated by OLLM are fed
into the speech decoder by a layer of MOE and then upsam-
pled to obtain the predicted speech output, and finally the
end-to-end optimization is carried out by CTC loss mod-
eling of the speech output. Due to the instability of CTC
loss training, the smaller the size of the speech vocabulary,
the easier it is to be successfully trained, but the generation
quality of the corresponding speech will be affected by the
smaller vocabulary.

Autoregressive mode: The autoregressive mode projects
the conditional features generated by OLLM into the speech
space through a layer of linear layer and feeds them into the
speech decoder to obtain the speech prediction output, and
finally optimizes the speech output end-to-end by model-
ing the NTP loss. Due to the stability of NTP loss training,
the quality of speech generation will be higher than that of

non-autoregressive generation, but the speed of speech gen-
eration will be reduced by autoregressive decoding.

Both AR and NAR modes depend on the quality of
the speech generation conditional features generated by
OLLM. Although OpenOmni will let the OLLM fit the
text answer corresponding to the speech through multiple
rounds of training in advance, there will still be OLLM
output decoded into the wrong text answer. In this case,
the erroneous generated condition features will be incor-
rectly aligned with the speech during the training process,
which will ultimately reduce the performance of the speech
decoder. In order to ensure the efficiency of training,
OpenOmni fuse the speech generation condition features
output by OLLM with the corresponding text features with
correct semantics, and then feed them into the speech de-
coder for speech generation modeling training. Through
the feature fusion module of text prior, OpenOmni avoid
the misalignment of speech and corresponding text, and ul-
timately make the speech decoder training more stable, and
at the same time have more efficient and accurate speech
generation quality.
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English Prompts used in Text-to-Speech (T2S) and Speech-to-Text (S2T) tasks.

S2T (ASR)
Please translate the user’s spoken input into corresponding text, word by word.
T2S
Echo game: Repeat this sentence back to me exactly as I said it!
Mirror challenge: Reflect my words right back at me!
Parrot mode: Can you mimic what I just said?
Copycat test: Let’s see how well you can replicate my sentence!
Playback time: Rewind and repeat my last sentence.
Echo chamber: Say back to me what I just mentioned.
Simulate my speech: Can you say exactly what I just did?
Mimicry game: Echo my words precisely!
Repeat relay: Send my sentence back to me unchanged.
Reflection exercise: Reiterate my last statement word for word.

English emotional preference data case.

Emotion: Neutral
user: ”Please engage in a conversation with me.”
assistant: ”Of course, please go ahead with your question.” [A calm and collected woman, speaking in a steady
and neutral tone.]
user: ”I was wondering how you manage to stay so composed all the time.”
assistant: ”It’s something that comes with practice and mindfulness. I focus on observing my surroundings and
maintaining a balanced perspective.” [A composed woman, speaking in a measured and tranquil tone.]
user: ”That sounds quite challenging. Do you ever feel overwhelmed?”
assistant: ”There are moments when things can be overwhelming, but I remind myself to breathe and take one step
at a time.” [A calm woman, delivering her words in an even and serene manner.]
user: ”Do you have any techniques to stay calm under pressure?”
assistant: ”Yes, I practice meditation and deep breathing exercises. It helps to center my thoughts and maintain
clarity.” [A composed woman, speaking with a steady and soothing tone.]
user: ”I see. Do you think anyone can learn to be as calm as you?”
assistant: ”Absolutely. It requires patience and consistent practice, but anyone can develop the ability to remain
calm and composed.” [A neutral-toned woman, expressing herself in a clear and composed manner.]
user: ”What advice would you give to someone starting on this path?
assistant: ”Begin with small steps. Start by observing your thoughts and emotions without judgment. Practice
mindfulness and breathing exercises daily.” [A composed woman, offering her advice in a gentle and calm tone.]
user: ”Thank you for your advice. It has been very insightful.”
assistant: ”You’re welcome. I’m glad I could help. Remember, the journey to calmness is gradual, but rewarding.”
[A tranquil woman, speaking in a reassuring and composed tone.]
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