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ABSTRACT
Is it still worth doing computer networking research? What
are relevant problems in this space given the supremacy of
hyperscalers in deployed large networks? We take an uncon-
ventional approach to finding relevant research directions,
by starting from Microsoft’s plans to build a $100 billion dat-
acenter for ML [22]. Our goal is to understand what models
could be trained in such a datacenter, as well as the high-level
challenges one may encounter in doing so.

We first examine the constraints imposed by cooling and
power requirements for our target datacenter and find that it
is infeasible to build in a single location. We use LM scaling
laws [9] to determine that we could train models of 50T or
100T parameters. Finally, we examine how distributed train-
ing might work for these models and what the networking
requirements are. We conclude that building the datacenter
and training such models is technically possible, but this
requires a novel NIC-based multipath transport along with
a redesign of the entire training stack, outlining a research
agenda for our community in the near future.

1 INTRODUCTION
The past few years have witnessed a revolution in the field
of natural language processing, with Large Language Models
(LLMs) emerging as extraordinary tools for a wide range of
tasks. As public models reach hundreds of billions of param-
eters, and closed models like ChatGPT presumably surpass
the trillion-parameter threshold, scaling laws [9, 13] predict
no immediate end to this growth. We are now in the midst
of a race to develop ever-larger models, with the datacenter
at the heart of this competition.

Graphics Processing Units (GPUs) now dominate both
compute and network traffic generation in AI-focused data-
centers. Clusters comprising tens of thousands of GPUs are
being used specifically for training transformer-based [27]
models. Distributed training frameworks [17, 21, 29] have
been developed to facilitate the training, due to the com-
plexity of its nature and the high amount of communication
needed. As such, networking now directly influences the
training times, as GPU utilization is around 50% [12, 26].
What are the challenges in building such a behemoth of

a datacenter? Foremost among these is securing sufficient
electrical power, as we anticipate consumption on the order
of gigawatts—a scale not readily available in a single location
within the United States. Cooling presents another signif-
icant hurdle; as companies move away from water-based
solutions, the datacenter’s surface area must increase pro-
portionally with power consumption to effectively dissipate
heat. Once these fundamental infrastructure challenges are
addressed, we encounter the primary technical impediment:
training scalability. As we approach systems with millions
of GPUs, several critical questions arise: How will training
methods adapt to such massive scale? What will be the up-
per limits of model size? How will networking requirements
evolve to support this unprecedented level of computation
and data movement?

This study provides insights into the future of large-scale
AI infrastructure and the technical hurdles that must be
overcome to realize the next generation of massive language
models (with the primary focus on training). More specifi-
cally, we perform a systematic study of key challenges and
features of building such a datacenter, starting from the $100
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billion and publicly available information. Using state-of-the-
art model scaling laws, we explore the models that may be
trained in such a datacenter, discussing the shortcomings of
the current software and hardware stack, with a focus on
networking. Lastly, we provide a set of insights into upcom-
ing medium-term models as well as how the challenges we
expose can be tackled.

2 INFRASTRUCTURE, POWER AND
COOLING

The leading GPU for a next generation datacenter is the re-
cently announced Blackwell B200 series from Nvidia, with
novel NVL72 (72GPUs / rack) packaging, at a price tag of
3M$. Each rack draws close to 1MW in full load, has a FP4
performance of 1440 PFlops, and 13.5TB of HBM3e memory.
In-rack connectivity is via NVlink, with 14.4Tbps per GPU.
Each GPU has a 800Gbps NIC connected to the scale-out
network. Following current trends of spending up to 70%
of our budget on compute, we get a total of 23K racks con-
taining 1.67M GPUs with a maximum power consumption
of 2.9GW and 33408000 PFlops of FP4 performance (with
sparsity) and an aggregate memory of 313PB (petabytes)
of HBM3e. That is, the whole datacenter would be able to
output 33.4e21 floating point operations per second in FP4,
with sparsity.

Considering up to 40% [24] more consumption due to non-
compute, the overall power consumption of the datacenter
will end up in the range of 4-5 GW. Looking at the US grid
operators, we identify the maximum disposable power for
all grids by computing the difference between the max regis-
tered power generation and max registered power demand
in the last two years, with the most promising shown in
Table 1.

Balancing Authority Max Available (MW)
PJM 9915.0
SRP 2634.0
NEVP 2209.0
BPAT 2143.0

Table 1: Maximum available energy for the top energy
producer grids in the US.

While PJM is a possible candidate for our 5 GW datacen-
ter, it covers an area over several states. To find a single
geographic point, we grouped power sources within a ra-
dius into power nodes. The vertices between nodes are high
voltage transmission lines. We further constrained the so-
lution to have at least an interconnect of 50% of the power
demand. Following this approach, we couldn’t find a single
spot, but we can reduce the area to the vicinity of northen
Baltimore around three nuclear power plants: Calvert Cliffs
Plant, Peach Bottom, and Salem.

A single datacenter in this area would require the building
of new 550 kV power lines, as the current infrastructure will
not be able to handle the interconnect. Thus, the natural
approach is to split the datacenter into multiple units. This
also makes sense from a cooling perspective. As datacenters
aim for net zero water usage in the future, and a datacenter
can dissipate at least 2.076 𝑘𝑊 /𝑚2 which would require a
5GW datacenter to have a surface of 2.41B𝑚2. Adding to
this, geographically separating the datacenter units would
make it possible to tap several different renewable sources as
opposed to a single one from a specific region. Lastly, fault
tolerance to disaster, as well as the way the US grid is split
between east and west add to this. Lower inference times
due to proximity to users in both areas also support this
approach"
Considering the west coast, we could fit the datacenter

near California in the SRP grid. A second option is to split a
datacenter unit of 2.5 GW into 2 or more locations; however
we’re not considering this approach in our paper. The most
promising locations are in the area of southern Washington
State and California, near the cross-state 765 kV power line.

3 MODEL SCALING
What model can we train using the above infrastructure? We
choose the classical quadratic Transformer model, since it
is the most studied and understood architecture, in order to
draw an upper bound on training time.We do note that recent
initial research on architectural variations, such as Mixture-
of-Experts [11, 23], linear and sub-quadratic Transformers
(RetNet [25], Mamba [6], RWKV [18]), and other such al-
ternative models suggest that training times are similar to
regular Transformers. However, they might be deployed in
practice to help with inference times, at the cost of some
model performance. As these models are less studied and
less widely adopted, we do not consider them in our study.

3.1 Scaling laws
Based on our estimated number of GPUs and the number of
FLOPS available in the datacenter, we proceed to determine
the size of the model and the training dataset. The scaling
laws offered by Hoffmann et al. [9] give us a rough idea as
to what model we can train given this compute budget.

While we speculate that new and innovative software solu-
tions will have to be deployed on suchmassive infrastructure,
we demonstrate existing software solutions in our calcula-
tions. In all of the following calculations, we’re considering
a regular, classical quadratic Transformer, as noted above.
We’re considering all operations in FP4 precision, unless oth-
erwise noted. This allows us to closely follow the scaling
laws while trying to utilize GPU tensor cores and memory
fully. We do not discuss performance at such a low precision,
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but note that there have been different approaches and lines
of research trying to train models in this range of precision,
with mixed results.

In Figure 1a, we apply the scaling laws to estimate model
size up to 24 months of training on the datacenter. This gives
us a rough idea of what’s possible under constraints imposed
on training time and compute budget.

Training time. For a moment, let’s consider there are no
restrictions on interconnect bandwidth, memory consumed
by the model, activations, optimizer etc., and that the GPUs
would be able to run at 100% capacity. If we let the system
run for 6 months, we would be able to get a total compute
budget of 519e27 FLOPS on the infrastructure.
Based on the total compute budget, we can can infer the

number of parameters and dataset size for loss-optimal train-
ing, given the scaling laws discussed above. From Figure 1a,
the scaling laws predict that 6 months of training would give
us a model of 52.5T parameters, and 24 months a model of size
103.5T parameters. The first model would optimally require
a dataset of size 1650T tokens, while the second model would
require 3226T tokens (around 15 Petabytes).
Constraints on networking, precision for certain opera-

tions, ideal operating conditions, memory utilization, and
other such factors affect the GPU utilization rate. It is the
case that hardware utilization today typically ranges from
40% to 60%. We do not consider this in our theoretical calcu-
lations above for simplicity, but later discuss the potential
delays introduced by network communication.
Following the scaling laws, the datacenter could theoret-

ically train a loss-optimal 52.5T model in 6 months or a
103.5T model in 24 months.

3.2 The architecture of the model
Now that we have identified possible model sizes that could
be trained on such a datacenter, we will work on inferring
the architecture. For the sake of comparing numbers, we’ll
pick the two models identified above, namely the 50T model
optimally trainable in 6 months, and the 100T model for 24
months. As we are in uncharted territory we make several
assumptions:
The vocabulary size of the models is 256000 tokens.

This sets the vocabulary size to a value that will cover most
of the Unicode characters, similar to today’s models.
The 100T model has 224 layers, 280 attention heads

and a hidden dimension of 192000, totaling 99.2 tril-
lion parameters, for a classical Transformer architecture,
while the 50T model has 252 layers, 280 attention heads
and a hidden dimension of 132000. While this doesn’t
respect the usual width-to-depth ratio, Hoffmann et al [9]
mentions that scaling one dimension more than the other
should not significantly affect the performance of the model.

These numbers are more or less arbitrarily picked, for the
sake of comparison, we’ve minimally experimented with a
number of different model ratios and settled on these. We
note that there is the possibility that better architectures
could facilitate improved network communication, memory
usage, GPU utilization, fault tolerance etc.
Sequence length of 32k. Although this may seem low

at first, we note that there are a number of techniques [3,
5, 19, 28] which can be used to extend the context length
after pre-training. From our experiments, increasing the pre-
training context length would not be feasible here due to the
quadratic memory requirements of classical Transformers.

4 NETWORK COMMUNICATION
Up until this point, we built a theoretical model in a vacuum,
with no limits on memory, interconnect bottlenecks etc. Let
us materialize the model. In this chapter we focus on the
networking and communication stacks and discuss their
particular set of challenges.

3D parallelism [17] will be used for distributed model train-
ing, as it should scale much better for larger Transformer
models compared to techniques such as ZeRO-DP [21] or
FSDP [29]. We’ll distribute the layers of the model to GPUs
in such a way as to keep tensor parallelism computation
local (inside the NVLink domain), while trying to minimize
or overlap the communication times of pipeline parallelism
and data parallelism, which happen over the scale-out 800
Gb/s links.

The total aggregatememory needed to train themodel, not
considering tensor parallelism, is composed of the memory
for the model itself (considering an FP8 master model, calcu-
lations done using FP4 model), gradients, optimizer states,
and activations. In Table 2, we have the total memory size of
the models using the formulas given by Hoffmann et al. [9]

Model Params Gradients Optimizer Activations Total
100T 148.7TB 49.5TB 198.3TB 188TB 585TB
50T 79.1TB 26.3TB 105.5TB 203.9TB 415 TB
Table 2: Memory usage of our target models.

Next, in Table 3, we have the number of layers per NVL72
rack and the number of model replicas over the available
racks. Since 1 layer cannot fit in the memory of a single
GPU, the layer is split across multiple GPUs using tensor
parallelism. Following the work on reducing the activation
size [14], we can deduce the final activations size by dividing
by the number of tensor parallel units, picked empirically by
choosing combinations of tensor-parallel units and layers per
rack and seeing what fits in the available HBM memory. We
end up with a value of memory per layer of about 1.86TB for
the 100Tmodel and 1.00TB for the 50Tmodel.We importantly
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Figure 1

note that the layers held inside a rack are all the same layer
of different model replicas, as opposed to consecutive layers
of the same model replica. This will massively reduce all-
reduce communication on the scale-out and cross-datacenter
networks in the backward pass, when computing gradients,
as we show in Section 4.1.

Model Size # Layers Mem per Layer Layers Per Rack Replicas
100T 224 1.86TB 7 721
50T 252 1.00TB 13 1196

Table 3: Number of layers per rack and the number of
model replicas in the datacenter.

Using Table 3, we end up with 10 GPUs per layer (10-way
TP) for the 100T model and 5 GPUs per layer (5-way TP) for
the 50Tmodel. While we do not fully utilize the racks (a num-
ber of GPUs are essentially not doing any computation), the
extra GPUs can be used for fault tolerance. Otherwise a fault
could massively degrade training time, as whole iterations
would have to be re-computed.

Computation. We first calculate the theoretical ideal com-
putation time per layer. This will give us a general idea of
howmuch time is spent on pure computation, and howmuch
time can be allocated to communication overhead.

Model FLOPS per Model FLOPS per Layer Time per layer (Fwd)
100T 6.52e18 29e15 145.5 ms
50T 3.5e18 13.9e15 139.2 ms
Table 4: Model Comparison: Flops and Layer Time

Starting from the formulas from Hoffmann et al. [9], we
can calculate the floating point operations needed for a pass
through the models. We make the same assumption that the
backward pass takes twice as much time as the forward pass.
This theoretical computation time is shown in Table 4.

4.1 Communication
We also calculate communication time, given by the above
constraints. With 7 layers per rack and 13 layers per rack
for the two models, we end up with 10-way tensor parallel,
224-way pipeline parallel and 721-way data parallel for the
100T model, and 5-way tensor parallel, 252-way pipeline
parallel, and 1196-way data parallel for the 50T model.
We especially note that, to keep communication times

low, we employ a hierarchical data parallel approach. We
all-reduce the gradients inside a single NVL72 rack in a first
step (this is why we keep the same layer of different model
replicas locally), and then we do a scale-out all-reduce glob-
ally, between racks, in a second step. This reduces the global
all-reduce to 103 peers for the 100T model, and 92 peers for
the 50T model. While theoretically this does not improve
the optimal all-reduce time, since the message size is still the
same (the gradients for a layer, of 223 GB for the 100T model
and 104 GB for the 50T model), we believe congestion, as
well as practical all-reduce times, will be much lower. In a
third step, the gradients have to be exchanged back through
an all-gather among the local layers of a rack, since each sep-
arate copy of the layer only exchanged parts of its data. The
first and third steps happen over NVLink, so this approach
should be much faster in practice.
Figure 2 shows a visual representation of the 3D paral-

lelism strategy we use.

Tensor Parallel. . Inside a layer, tensor parallelism needs to
run two all-reduce operations per forward pass, as there are 2
synchronization points (the output of the attention layer and
the output of the feed-forward layer), and 2 extra all-reduce
operations per backward pass. The resulting communication
overhead is 0.61 GB (100T) and 0.8 GB (50T).
With an interconnect of 1.8 TB/s between GPUs inside

an NVL72 rack, the ideal tensor parallelism communication
time for one all-reduce is 0.61ms for the 100T and 0.71ms for
50T (Equation 1). Since we have two all-reduce operations
per forward pass, we get 1.22ms and 1.42ms in total. This
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communication cannot be overlapped with computation, as
tensor parallelism introduces output-input dependencies.

All Reduce TP =
2(MLP + ATTN) · NUM_PEERS − 1

P2P_Speed · NUM_PEERS
(1)

Pipeline Parallel. Between racks, the communication for
pipeline parallelism reduces to a point-to-point (P2P) ex-
change between GPUs. To reduce communication time over
InfiniBand, the GPUs exchange only part of the input (every
layer is replicated 7-way or 13-way on each rack). An addi-
tional all-gather over the speedy NVLink in the next rack
allows every GPU to start the next layer computation with
the full inputs. The total communication size for pipeline
parallel is half that of tensor parallelism, as only the last
output of the feed-forward layer needs to be exchanged. In
total, this would mean 0.3𝐺𝐵/(100𝐺𝐵/𝑠) = 3𝑚𝑠 per P2P
communication and 0.3𝐺𝐵/1.8𝑇𝐵/𝑠 ∗ 5/6 = 0.3𝑚𝑠 for a total
of 3.3𝑚𝑠 for the 100T model. Similarly, for the 50T model we
get 4𝑚𝑠 and 0.2𝑚𝑠 .

Data Parallel. After exchanging the data as described above,
we need to run all-reduce operations in the backward pass
to synchronize gradients between model replicas. As men-
tioned above, we perform a hierarchical all-reduce. First, we
do an internal all-reduce within an NVL72 rack, and then
a scale-out, external all-reduce between different racks, in-
volving similar layer replicas with fewer peers per collective
operation. After the global all-reduce, we require an addi-
tional all-gather within the NVL72 rack, to synchronize the
gradients between all local layer replicas.

The communication times for these all-reduce operations
result from Equation 2. For the external all-reduce we multi-
plying the P2P_Speed and no longer dividing grads_per_layer

by NUM_GPUS. The ideal internal DP time for 100T/50T
computes to 21/21𝑚𝑠 whereas external time is 60/28𝑚𝑠 .

All Reduce DP = 2 · grads_per_layer
GPUS_PER_LAYER

· REPS − 1
P2P_Spd · REPS

(2)
For the final all-gather within the rack there’s an additional
10𝑚𝑠 .

For hierarchical communication that uses both the scale-
up and scale-out domains, we can reduce the total comple-
tion time by chunking the data and processing each chunk
independently, i.e., via data pipelining.

4.2 Wide-area training
In Section 2, we’ve found that power constraints require
splitting the datacenter, and the best split would be between
the east and west coasts with an RTT of around 40ms. Can
we train the model across this distance? Splitting the data-
center would not affect our training architecture. Instead of a
big datacenter running 721-way data parallel replicas for the
100T model (or 1196, in the case of the 50T model), we could
split this into 2, where each datacenter runs 360-way data
parallel and 598-way data parallel, respectively, and synchro-
nize the gradients in the backward pass between datacenters
normally. As the backward pass takes 290ms, this serves as
an upper bound for the all-reduce communication.
To achieve this, we modify our hierarchical data parallel

approach as follows: a global all-reduce inside a datacenter
is followed by an all-reduce between the two datacenters
involving all nodes, followed by propagation of the gradients
to all racks using 2 all-gathers (one all-gather per rack, as
before, and one point-to-point transfer, followed by another
all-gather per rack). For efficiency, each rack in the first dat-
acenter communicates with its peer in the other datacenter,
essentially running an all-reduce between two nodes. The
message size represents only a small part of the actual gradi-
ents, equal to the total gradient size divided by the number
of racks per datacenter.

4.3 Exposed networking
Our predictions show that, for each batch of training data,
the GPUs will take approximately 145ms to perform the cal-
culations for the forward pass, and 290ms for the backward
pass. It is important to note that much of the networking is
overlapped with computation and thus hidden. For instance,
during back-propagation, when a layer finishes computing
its gradients, it can already start synchronizing them with
other layer replicas. The only point where this communica-
tion is completely exposed is at the last layer.

The amount of exposed communication is, in principle, not
large at 800Gbps scale-out (5ms per step), but this assumes
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a perfect network. Also, most of the all-reduce operation is
masked by backpropagation, except for the last layer (out
of 200+ layers). If the network behaves as a non-blocking
switch, as our previous calculations assume, the impact on
performance is minimal. The scale-up network (NVLink /
NVSwitch) should behave close to the theoretical optimum.
We explore to what extent the scale-out network approxi-
mates this ideal in the next section.

5 NETWORK TOPOLOGY AND
TRANSPORT PROTOCOLS

How do we connect 800K GPUs with 800Gbps NICs in each
of our two datacenters? The largest switches on the market
today have 51.2Tbps bisection bandwidth, and can be con-
figured with 64 800Gbps ports. To build a fully provisioned
Fat Tree, we need 4 tiers with a total of 75K switches and
2.4 million switch-to-switch links. For the large majority
of these, the length is tens of meters, which makes cheap,
passive DAC cables infeasible; optical transceivers cost 1K
USD per link even at 400Gbps, so the estimated price tag
for the wires alone is enormous ( $5 billion). We can reduce
this cost by using fewer tiers (higher radix switches) and by
designing the topology to reduce core load, thus allowing
oversubscription without loss in performance.

Multi-rail topologies [4] are a way to achieve higher effec-
tive switch radix with the same switching chips. The same
51.2T chip can be configured as a 256 200Gbpps ports switch
(instead of 64 ports with 800Gbps). It’s important to note
that an 800Gbps link is in fact built using 8 parallel 100Gbps
serdes blocks transmitting over the same wire. We can thus
have the same wire carry 4 or 8 lower-speed links for the
same total capacity of 800Gbps.
With multi-rail, we can build switches that contain four

51.2T ASICs and have 256 front panel ports. Inside the switch,
each front panel port is divided into four 200Gbps links
each of which is connected to a separate switching ASIC
via backplane copper traces. The total NIC bandwidth is
still 800Gbps, but it is obtained by connecting to 4 separate
networks (rails) which use the same wires and switches but
are otherwise independent. Switch-to-switch links follow
the same pattern, where 4 200Gbps links share a wire.
With 256-port switches, three tiers are (more than) suf-

ficient to connect all the GPUs. If we used only two tiers,
32K GPUs could be connected at full bisection, and 51K with
4:1 oversubscription. If next-generation switches had higher
port counts (e.g., 1024 100Gbps ports), two tiers would be
sufficient to connect the entire datacenter.

Multi-rail reduces the number of switches and switch-to-
switch links by a third for full bisection, and even more for
oversubscribed networks. Another significant benefit is that

it enables better traffic locality, as we now have four times
more GPUs connecting to the same TOR switch.
How should we interconnect the GPUs to the scale-out

network? The conventional approach is to connect all GPUs
in the same rack to the same switch (i.e., TOR). However,
with an ML network, these GPUs are already connected to
the higher speed scale-up network, so the scale-out TOR
would carry little local traffic. A better approach has first-
tier switches connecting GPUs from different racks to ensure
maximum cross-rack bandwidth.

If we provision the second tier as full bisection, we would
connect 128 GPUs from different racks to a single switch.
We would like to have the data-parallel all-reduce traffic
stay local, so we can schedule the replicas of the same layer
(using an orchestrator such as Slurm) onto these nodes. For
our 100T model, we have around 100 replicas, so they fit
nicely, which means that, barring failures, all reduce traffic
will stay switch-local.

We still have inter-datacenter all-reduce traffic and point-
to-point traffic to carry through. The latter is a synchronized
permutation across all training nodes, to fully load the core.
We estimate this would take 3ms per step, hidden behind
forward/backward compute (145ms/290ms). Even with 4:1
oversubscription, the optimal completion time is just 12ms,
much smaller than our budget.
This means we can use a four to one (or larger) oversub-

scription ratio, having 200 downlinks and 50 uplinks per
first-tier switch. In our second tier, if we use another two
to one oversubscription, we will have 168 downlinks and
88 uplinks. With this, we would need 4300 switches (17200
switching chips, a fifth compared to a full Fat Tree) and cru-
cially, only 240K switch-to-switch links, ten times less than
the Fat Tree [1].

To connect across datacenters, we need 14 Tbps all-reduce
to finish in 100ms, and double that to accommodate other
sync traffic. We can either connect the 300 top-tier switches
directly in the two datacenters or create a new pod with
routers connecting to long distance links (easier and more
flexible).

Which transport protocol shall we use? A multi-rail,
oversubscribed topology scale-out is sufficient on paper, but
what transports shall we use for it? The only real choice
today is to use hardware transports based on RDMA, either
IP (RoCEv2) or InfiniBand. Both are lossless and single-path,
with similar performance for AIML traffic (the latter has
slightly lower latency). This, coupled with the vendor lock-in
associated with InfiniBand, suggests that the target network
will be implemented using IP.

How far are existing transports from the optimal transfer
times ? Point-to-point traffic pattern is particularly tough,
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as it goes across multiple switch tiers. We simulated syn-
chronized P2P transfers required for our 100T model using
RoCEv2 in a three-tier FatTree topology with 1024 hosts and
800Gbps links. The optimal Flow completion Time (FCT) is
just under 3ms, yet RoCEv2 takes 15ms to finish, as shown
in Figgure 1b. This is due to collisions because of ECMP
[2, 8, 20].

Because of the synchronized, lock-step nature of distributed
training, the tail FCT in the point-to-point phase will end up
delaying the entire distributed training by the same amount
( 5 seconds per iteration, or 3%). In contrast, transports such
as NDP[8] or Homa[16] that spread traffic across all paths
we get within 5% of the optimal FCT, as shown in Figure 1b.

A stronger argument for using multipath transport is our
multi-rail network design. Without such a transport, applica-
tions (typically the collective library) would have tomanually
break up the data across the rails, resulting in sub-optimal
load balancing. Furthermore, within a rail, we would have
similar FCT inflation due to collisions as in our experiment
above.

For all-reduce implementations, ring all-reduce works fine
with large amounts of data and few nodes (100 in our case),
and each node has one incoming and one outgoing con-
nection. As most all-reduce traffic will stay in the first tier,
this should be workable, but it has the downside of needing
200RTTs to finish; with a 5us RTT, this adds 1 ms to the
completion time (of 60ms). The dual-binary tree scales better
(logarithmic number of RTTs) but requires two outgoing and
two incoming connections per node. Coupled with slightly
desynchronized starts, this can results in small incasts which
may trigger priority flow control, tree saturation and affect
innocent traffic. Small scale incasts also appear in all-to-all(v)
traffic used in MoE inference.

Lossless networks are notoriously difficult to manage [7];
buffers are getting smaller in BDPs as switches are getting
faster, meaning that PFC will trigger more often. Further-
more, congestion control for RDMA such as DCQCN [30] or
HPCC [15] starts at line rate and only reacts to congestion
after the 1st RTT, meaning it can still cause PFC. Figure 1c
shows the effect of PFC on an unrelated permutation traffic
pattern (128 nodes) in a network of 2048 nodes.

Wide area transport. The scale-out transport must bemulti-
path and capable of running at 800Gbps; what about the inter-
DC transport? The all-reduce involves all training nodes,
each transferring 300MB per iteration in around 100ms. This
requires at least 25Gbps per flow. We can use TCP, but the
CWND adaptation creates unnecessary loss; coupled with a
fairly large RTT, retransmissions create unnecessarily long
tail FCT. If we adopt a controller similar to B4 [10], we can
perform both traffic engineering and admission control on

thewide area links to ensure congestion control is not needed
and all traffic is admittable.
We can still have loss due to bit errors, which require re-

transmissions. These could be avoided by adding redundancy
to the outgoing traffic (e.g., parity packets or similar).
Finally, the wide-area traffic must be prioritized within

data center networks, which means that multipath traffic
must be able to cope with non-equal capacity links.

6 RESEARCH QUESTIONS
Significant breakthroughs are required to keep up with the
ever-growing demands of next-generation LLMs. We are
predicting that a transition towards multipath communica-
tion is necessary to avoid the crushing impact of current
protocols on the tail end of completion times. Scheduling
and placement also need to evolve, and things are further
complicated by failure domains for tensor parallelism being
rigidly confined to the rack level. Adding wide area transport
into the mix comes with its own set of unique challenges. It’s
of utmost importance to leave headroom for redundancy and
failure recovery while keeping utilization high; for example,
by mixing long running training workloads with transient
inference jobs. It’s also important to note that advances in
network monitoring are required to keep up with the blaz-
ingly fast data speeds, as current sampling approaches appear
to no longer capture the relevant bigger picture.
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